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Much of the development in telecommunications is concerned with improving the quality of 


the link, for example by employing frequency modulation or pulse-code modulation systems. 
In mobile installations a different aim is often pursued: sometimes a certain minimum of 
quality, just high enough for the intelligible transmission of speech, is accepted, but it is desired 
that the signals shall continue to be intelligible at very high noise levels, i.e. with very low trans- 


mitting power or over a very great distance, or both. For this minimum quality to be obtainable, 
the noise power (with single-sideband modulation) must not normally exceed 10°/, of the signal 
power received. In two variants of the “Frena’’ experimental system, however, the permissible 
limit has been raised to 16%), and 25 9/), and in the variant known as “Frenac’’ it has been raised 


to as high as 40°), of the signal power. 


Introduction 


The continuing development of telecommunica- 
tions is largely a struggle with the inevitable noise 
and interference. These unwanted voltages, consist- 
ing mainly of crosstalk and circuit noise in telephony 
and of atmospherics, aerial noise and transmitter 
interference in radio, television and radar, make 
reception impossible beyond certain distances. If 
the signal carrying the information becomes so weak 

that it is swamped by interference, amplification at 

the receiving end has no value, since the interfering 
voltage is amplified along with the signal. Matters 
are even worse in actual practice because the ampli- 
fier itself contributes to the noise, mainly from the 
first amplifying tube. 

In radio links and in radar, attempts can be made 
to reduce to a minimum the interference coming from 
the medium of transmission, by using directional 
aerials, for example, and in line telephony a number 

of measures can be adopted to suppress crosstalk. 
But ultimately a certain minimum interference level 
is reached which cannot be lowered any further. 
A similar state of affairs applies to the noise contri- 
buted by the receiver. It has been possible greatly 
to reduce the latter by designing tubes with good 
noise properties, and this line of development has by 


no means come to an end, particularly in the design 


g of tubes for very high frequencies. A lower level is 


also arrived at for noise arising in the receiver 
(related, inter alia, to the properties of the cathode). 
For a given minimum level of interference the 
distance over which transmission is _ possible 
(extreme range) can be determined from two 
factors. These are the maximum transmitting power, 
as imposed by economic or other considerations, 
and the minimum signal-to-noise ratio at which 
reception is still practicable. 

The latter point — the minimum admissible 
signal-to-noise ratio — has been the subject of a 
number of developments which have led to increases 
in the ranges over which communication is possible. 
Two lines of development may be specially mention- 
ed. On the one hand systems have been developed 
whereby the interference in the frequency band of 
the original signal is to some extent reduced, and 
the signal-to-noise ratio at the output consequently 
improved by employing a considerably greater 
bandwidth for the transmission path. In these 
systems transmission remains linear, i.e. the signal 
undergoes no fundamental distortion, and any kind 
of information can be transmitted, including music. 
On the other hand transmission systems have been 
developed for special kinds of information such as 
telegraphic signals or speech; in these systems, the 
specialized character of the signals makes it possible 


74 PHILIPS TECHNICAL REVIEW 


to reduce interference without greatly increasing the 
bandwidth of the transmission path. In the latter 
class we may include the system of signal correction 
which has long been employed in Morse telegraphy 
and which re-appears in a refined form in the T.O.R. 
system for teleprinter links 1). We may also include 
the practice of peak-clipping in the speech signal, 
which has long been usual in certain mobile radio- 
telephony installations (it can be regarded as a 
method of using available transmitter power in a 
more effective manner). To this same class belong 
the “Frena” system and its variants, which have been 
developed in recent years in the Eindhoven labora- 
tories of Philips and which we shall describe in the 
present article. This system is also mainly intended 
for speech transmission via mobile radio installations 
(not for normal line telephony); here linearity of 
transmission is abandoned for the sake of suppres- 
sing interference. 

To get a good grasp of the subject, it will be 
desirable first to treat briefly the linear systems; in 
particular we shall discuss the degree of noise 
suppression obtainable from them. (In what follows 
we shall refer only to interference in the form of noise, 
since this lends itself best to quantitative study.) 


The suppression of noise in various linear transmis- 
sion systems 


The noise-suppressing systems we would include 
in this class are, first and foremost, frequency 
modulation and pulse-position modulation, and 
secondly the systems known as pulse-code modula- 
tion and delta modulation, in which the information 
is carried by a series of pulses having magnitudes 
of zero or unity. The properties of the coded systems 
are particularly good for communication via a large 
number of relay links. 

The common feature of all these.systems might be 
described as follows. In any transmission path the 
total noise power is proportional to the bandwidth. 
For a given transmission path (this is always 
considered to include the receiver’s first stage, which 
contributes to the noise) and for a given transmitting 
power, the signal received under conditions of 
optimum matching has an “intrinsic” signal-to- 
noise ratio; this is the received signal power divided 
by the power of the noise from the transmission path 
in a frequency band having the width of the audio 
signal. In the systems in question, the audio signal is 
converted at the transmitter into a signal having 
1) H. C. A. van Duuren, Typendruktelegrafie over radiover- 

bindingen (T.O.R.), T. Ned. Radiogenootschap 16, 53-67, 

1951 (in Dutch). The basis of this system is that code-letters 


are automatically repeated whenever they have not been 
properly received. 
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a much wider frequency band, by a suitable 
modulation method. At the receiving end, a suitable 
detection method recovers the original narrow-band 
signal from the incoming wide-band signal, only a 
fraction of the noise from the wide band being 
detected along with the signal; the result is that the 
signal-to-noise ratio at the output, which we might 
term the “effective’’ ratio, is higher than the intrinsic 
one. 

The systems named above differ considerably in 
the extent to which they allow of improvements in 
the ratio of signal power to noise power consequent 
on increases in the bandwidth of the transmission 
path. In frequency modulation and pulse-position 
modulation the improvement increases as the square 
of the bandwidth ?); in delta modulation it increases 
approximately with the fifth power of the band- 
width *); and in pulse-code modulation the increase is 
exponential +). Information theory shows that the 
last-mentioned is the steepest that can be attained. 

The improvements indicated above only apply 
so long as the noise level in the transmission path 
(inclusive of the first receiver tube, as before) does 
not become too high. With increasing noise, a point 
is reached in all these systems at which a further 
increase will interfere with their particular method 
of detection to such an extent that the signal will 
loose its coherency almost completely. In frequency 
modulation that point is certainly reached when the 
noise is so strong that the polarity of the signals at 
the input of the discriminator is often reversed. The 
point is reached in the pulse systems when additional 
pulses originating in noise begin to occur. In this 
connection it is possible in all these systems, given 
a certain noise level, to define an optimum band- 
width for the transmission path. Where bandwidth 
is greater than optimum, the higher noise voltage 
thus fed to the input of the detector destroys the 
coherency of the received signal; with a bandwidth 
smaller than optimum, on the other hand, full 
advantage is not taken of the noise-suppressing 
properties of the system. 

In any system, therefore, and for a given intrinsic 
signal-to-noise ratio (S/N);, there exists a certain 
maximum value for S/N, the effective signal-to- 
noise ratio at the output. The maximum value can 
only be obtained by making use of the optimum 
bandwidth: see fig: 1, which refers to frequency 


*) S. Goldman, Frequency analysis, modulation and noise, 
McGraw-Hill, New York 1948. 

8) F. de Jager, Delta modulation, a method of p.c.m. trans- 
mission using the l-unit code, Philips Res. Rep. 7, 442-466, 
1952. 

4) $. Goldman, Information theory, Prentice-Hall, New York 
1953. 
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Fig. 1. S/N, the effective signal-to-noise ratio obtained with 
frequency modulation, as a function of (S/N), the “intrinsic”’ 
signal-to-noise ratio (based on data given by F. L. H. M. 
Stumpers, Proc. Inst. Rad. Engrs. 36, 1081-1092, 1948). The 
frequency band of the transmitted signal has k times the width 
of that of the original signal. The curves for different k values 
intersect; thus an envelope (the broken-line curve) can be 
drawn indicating the limit of what can be accomplished with 
frequency modulation. The chain-dotted curve refers to single- 
sideband modulation, which is usual in carrier telephony and 
which gives an effective signal-to-noise ratio equal to the 
intrinsic ratio. 


modulation. The four systems named above have 
been subjected to a thorough analysis, particularly 
in respect of high noise levels. Curves were drawn 
expressing the theoretical maximum signal-to-noise 
ratios obtainable in direct links as a function 
of the intrinsic signal-to-noise ratio. It was found 
that the curves for the four systems were closely 
bunched over a wide range *). To put it another 


5) F. de Jager, Les limites théoriques de la transmission en cas 
de niveau de bruit élevé, pour différents systémes de modula- 
tion continue et de modulation codée, Onde électrique 34, 
675-682, 1954. The ratio C/E, used in this paper corresponds 
to the intrinsic signal-to-noise ratio (S/N); employed in 
the present article. — The remarks made here concerning 
limiting curves apply only to direct links, for when commu- 
nication takes place via one or more relay stations the noise 
arising from repeated re-transmission cumulates in a quite 
different manner in the four systems. In this respect pulse- 
code systems behave much better than the others; the shift 
to the right of the limiting curve when the signal is relayed 
via one or more intermediate stations is slight in pulse-code 
modulation, whereas in the other systems it is considerable. 
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way, the noise level at which the system starts to 
break down (or ceases to satisfy certain demands 
made on it) is about the same for all the systems. 

This situation is illustrated in fig. 2. In each of the 
four systems the relationship between S/N and 
(S/N); depends on the bandwidth that is chosen, but, 
on account of the optimum condition mentioned 
above, the values appropriate to the performance 
that can actually be obtained from the system 
always lie to the right of the curve in fig. 2. If, for 
example, an effective signal-to-noise of 30 dB be 
required, then an (S/N); of at least 17 dB will have 
to be available; in other words, reception is only 
possible over a distance such that the power of the 
received signal is fifty times as great as the noise 
power within the bandwidth of the low-frequency 
signal. For the sake of comparison the relationship 
between S/N and (S/N); in the case of straightfor- 
ward single-sideband modulation, which is normally 
employed in carrier telephony °), is also drawn in 
fig. 2 (chain-dotted line). Here the effective signal-to- 
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Fig. 2. The maximum value of S/N, the effective signal-to- 
noise ratio at the output, obtainable from one of the four linear 
interference-suppressing systems (frequency modulation, pulse- 
position modulation, pulse-code modulation and delta modu- 
lation), as a function of (S/N);, the intrinsic signal-to-noise 
ratio. The curve is the median of four envelopes drawn for 
the four systems in the same manner as in fig. 1 >). 

The chain-dotted curve relates to single-sideband modula- 
tion. The curve corresponding to double-sideband modulation, 
as employed in broadcasting, lies considerably lower; at 
(S/N); = 6 dB, for example, S/N is —1 dB, so that in this case 
the maximum signal power .at the output is lower than the 
average noise power. 


6) See for example Philips tech. Rev. 9, 161-170, 1947/48. 
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noise ratio is equal to the intrinsic. For (S/N) = 
17 dB, with single-sideband modulation, S/N is thus 
also only 17 dB. On the other hand, at very low values 
of (S/N);, below about 6 dB, this system seems to 
give the best results; the others are too much dis- 
rupted, and their limiting curves dip below the 
chain-dotted curve. In practice the improvement 
given by the four linear systems is only found to 
become really effective at even higher values of 


(S/N);, above about 10 dB. 


Here a law that is generally applicable to telecommunications 
comes into operation. It runs: “The better the quality of a 
link at relatively low noise powers, the sooner will the link 
become useless as the noise level increases’’. This law can also 
be seen operating in fig. 1, in which results of frequency 
modulation in different bandwidths can be compared: the 
curves that rise highest at high (S/IV); values are the first to 
fall off when (S/N); is reduced. The reader will find a further 
confirmation of the law at the close of this article, when various 
non-linear systems are being compared. 


Non-linear systems of speech transmission 


A signal-to-noise ratio of about 10 dB appears to 
be necessary in order that a link with single-sideband 
modulation should be just usable. Now, let us 
suppose that in certain circumstances (the medium 
of transmission, the transmitting power and the 
distance being given) it is impossible to get an 
(S/N); of more than 6 dB. The reception of speech 
would appear to be scarcely practicable in such 
conditions. The value quoted means that the speech 
signal will only have about twice the strength of the 
noise voltage at times when the speech signal has its 
maximum value (the maximum transmitting power 
being used for this); during passages when the 
strength of the speech signal varies but little from 
the average it will be entirely swamped by noise. 

We have seen that the linear systems can provide 
no remedy for this state of affairs. It is nevertheless 
possible at signal-to-noise ratios of 10 to 5 dB, or 
even lower, to transmit speech sufficiently well for 
practical purposes by making use of the peculiarities 
of speech and adapting the apparatus to them. In 
this way we arrive at systems which, although un- 
suitable for signals such as music on account of the 
distortion they involve, are quite capable of 
conveying speech in a more or less satisfactory 
manner. We are here concerned with the most 
important criterion in the transmission of speech, 
which is not freedom from distortion or fidelity of 
reproduction, as for music, but intelligibility. In the 
links that we have in mind, distortion of speech is 
tolerated for the sake of the increased range that is 
obtained when working with a lower signal-to-noise 
ratio. 
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We have already mentioned peak clipping as one 
such system. In this, the voltage peaks in the speech 
signal are clipped off by means of a limiter; this 
allows one to work with a greater average depth of 
modulation, and thus bring up weak speech signals 
above the noise. 

In other systems which, like peak clipping, were 
in use prior to 1940, an attempt is made to attenuate 
noise by interrupting reception with the aid of 
mechanical or electronic relays during those periods 
when no information signal is coming through. The 
make and break times of such relay circuits must 
naturally correspond closely with the characteristic 
properties of speech. We shall see from what follows 
that “Frena” can be regarded as a further step in 
this direction, being based on our growing familiarity 
with the characteristics of speech and on the 
knowledge of what is permissible and not permissible 
in the treatment of a speech signal. 


The Frena system 


In the Frena system the frequency component and 
amplitude component of the speech signal are 
transmitted separately and recombined on the re- 
ceiving side (hence the name, which is made up of 
frequency and amplitude). The frequency and ampli- 
tude channels have to satisfy different sets of re- 
quirements with respect to bandwidth and signal- 
to-noise ratio; in virtue of this, it has proved possible 
to combine the signals from the two channels in 
such a way that, for the same total signal power, a 
much greater insensitivity to interference can be 
achieved than in the normal case where both the 
amplitude and the frequency component are trans- 
mitted in one channel. 

By way of introduction to this system we would 
refer to the experiments carried out by Licklider ”) 
in 1948; these revealed the surprising fact that a 
speech signal remains reasonably intelligible even 
when “infinitely” clipped. Infinite clipping involves 
the removal of all the amplitudes above, say, 0.1% 
of the peaks in the speech signal. The amplitude 
component is therefore effectively eliminated, the 
only information transmitted being that regarding 
the positions of the “zero-crossings’’ which are 
associated with the frequencies occurring in speech. 
Needless to say, distortion is very great and the zero- 
crossings produced by noise in the absence of speech 
set up in the output an audible disturbance that has 
the same amplitude as the speech signal; this makes 
listening to an infinitely clipped signal of this kind 


7) J.C. R. Licklider and I. Pollack, Effects of differentiation, 
integration, and infinite peak clipping upon the intelligi- 
bility of speech, J. Acoust. Soc. Amer. 20, 42-51, 1948. 


tr 


1957/58, No. 3 


no pleasant matter. However, these experiments 
clearly illustrate the essential contribution made by 
the position of the zero-crossings to the information 
in speech; the frequencies occurring in the speech wave- 
forms appear-to be of far greater importance for intelli- 
gubility than their amplitudes. Confirmation for this 
thesis has been obtained from experiments in which, 
vice versa, amplitude changes were exactly reproduced 
while zero-crossing information was eliminated, 
artificial zero-crossings being derived from a noise 
generator. When this was done, intelligibility was nil. 
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The second improvement is that the envelope 
shape of the single-sideband signal is also trans- 
mitted, via a separate channel, so that the clipped 
signal can be modulated again with the speech 
envelope at the receiving end. This supplementary 
signal carries the amplitude information of the 
speech; it is somewhat analogous to the pilot signals 
in telephony that are often transmitted along with 
the speech for various control purposes. 

A block diagram of a circuit embodying these 
principles is shown in fig. 3. The audio signal to be 
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Fig. 3. Block diagram of a link based on the Frena system. The frequency and amplitude components of the speech signal are 
transmitted via two separate channels, I and IJ. M,, M, and M, modulators. BF, to BF, identical band filters having a pass- 
band of say 50-53 ke/s. LF, and LF, identical low-pass filters with cut-off at say 100 c/s. LP low-pass filter with cut-off at 
3000 c/s. Cl, and Cl, clippers. D detector. T transmission path (e.g. carrier-telephony line or radio-relay link). The voltages 


at points a, b etc. are shown in fig. 4. 


The Frena system is a development based on the 
Licklider experiments, two essential improvements 
having been introduced with the idea of keeping 
distortion within reasonable bounds. In the first 
place it is not the audio signal itself that undergoes 
infinite clipping but a single-sideband signal obtain- 
ed by shifting the audio signal to a higher frequency 


region at, say, 50 ke/s. In a single-sideband signal of 


this kind, just as in the audio signal, the information 
is contained in the position of the zero-crossings as 
well as in the amplitude. If the amplitude is infinite- 
ly clipped, the information still remains available 
in the zero crossings. The advantage of clipping the 
single-sideband signal, as against clipping the audio 
signal, is that the former contains a far greater 
number of zero-crossings per second and that, in 
consequence, the displacements of the zero-crossings 
take place with finer gradation than in the original 
low-frequency audio signal. 


The effect is more or less analogous to the functioning of a 
normal amplitude detector. When the frequency of a carrier 
wave is considerably higher than the modulation frequencies 
imposed upon it, fine detail in the original signal is retained in 
the shape of the envelope; if, on the other hand, the frequency 
of the carrier is only slightly higher than the modulation fre- 
quency, detection will involve much distortion of the signal. 
Another way of expressing this is as follows: the clipper, which 


is essentially a non-linear device, gives rise to a large number of 


higher harmonics; if the input signal is of low frequency, these 
harmonics will come within the desired band, but if the input 


‘signal is a single-sideband signal, they will fall far outside 


the band and will therefore be easy to filter out. 


- 


transmitted (a in fig. 4) is impressed on a relatively 
high carrier-wave frequency fc, the carrier-wave and 
one of the sidebands then being suppressed with the 
aid of band filter BF’. The single-sideband signal b 
thus arising is infinitely clipped in Cl,, leaving a 
square wave signal c with zero-crossings of changing 
phase. The subsequent band filter BF, which is 
similar to BF’, and whose bandwidth is therefore 
equal to that of the original audio signal, turns ¢ 
into an approximately sinusoidal signal d, which is 
the one finally transmitted. At the same time the 
envelope of the single-sideband signal b is detected 
in detector D; the signal e thus arising can 
then pass via low-pass filter LF, and transmission 
channel T to the receiving end. The transmission 
path between transmitter and receiver thus com- 
prises two channels, a frequency channel I for 
transmitting a signal (d) with no amplitude changes, 
and an amplitude channel JJ for transmitting a 
signal (e) that does have amplitude changes, but 
only low-frequency ones. 

On the receiving side of channel I the first step is 
that the interference contributed by the trans- 
mission path and falling outside the useful frequency 
band is eliminated by a band filter BF’, which again 
is identically similar to BF,. d’, the signal thus ob- 
tained, is not of entirely constant amplitude, owing 
to the interference that remains, but clipper Cl, 
turns it back into a rectangular waveform c’ which 
tallies almost exactly with the original clipped signal 
c. If now c’ is modulated (in M,) with the envelope 
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or “pilot” signal e’ that has been received from 
channel IJ and filtered through LF,, and if the 
higher harmonics are suppressed by band filter 
BF,, a signal b’ is obtained that is a very good copy 
of the original single-sideband signal b. Finally, b’ is 
demodulated with the frequency f, in the usual 
manner; thus, from the output of low-pass filter 
LP, a low-frequency signal a’ is obtained that tallies 
almost exactly with the original signal a. If the 
frequency bands used in the transmission path (the 


pass-bands of BF, and LF,) had had unlimited 


fe) 
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Fig. 4. Shapes of voltages at the points indicated in fig. 3. 
a) Speech signal varying both in amplitude and frequency. 
b) Single-sideband signal obtained by modulating the carrier 
wave f, with the signal a. 

c) Signal b after “infinite” peak clipping; this signal contains 
only the frequency component of the speech. 

d) Signal c after the higher harmonics have been filtered out. 
e) Signal b after detection; e contains only the amplitude 
component of the speech. 

d and e are the signals actually transmitted. On being received, 
d is filtered and again “infinitely” clipped, resulting in d’, 
b’) The signal d’ is modulated with e’, the received amplitude 
signal, which has also been filtered, giving b’. 

a’) The demodulation and filtering of b’ produce a nearly 
identical copy of the original speech signal. 
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width, an exact copy of the desired signal would have 
been obtained. The fact that the bandwidths are 
both limited results in some distortion, but this does 
not prejudice the intelligibility. 

In practice the higher frequencies of the speech 
signal are given more amplification than the lower 
frequencies before applying the speech signal to the 
input of the Frena system (pre-emphasis); at the 
output of the receiving side the high frequencies 
are attenuated with respect to the lower ones (de- 
emphasis), so as to bring about an overall equaliza- 
tion. The aim of the pre-emphasis is to strengthen 
frequency components in the upper portion of the 
speech spectrum, which are generally weak, in such 
a way that they are able to exercise as much 
effect on the clipping operation as the lower fre- 
quencies do. The result is that the overall amount 
of distortion is lessened. Licklider found the same 
effect for the original low-frequency speech signals 
when subjected to infinite clipping. 


Noise-suppression properties of the Frena system 


The reasons why the Frena system has good noise- 
suppressing properties can be seen as follows. 
Firstly, the frequency channel has maximum modu- 
lation at all times, even when the speech signal is 
weak; this allows of a relatively high noise level. 
Secondly, relatively little noise is received from the 
amplitude channel, because it is possible to narrow 
down its bandwidth considerably (see below) §). 
Added to this is the important psychological effect 
of receiving noise that is modulated in the rhythm 
of the speech: when the speech signals are faint, 
little noise is heard at the output of the receiver, 
and when they are strong the noise is louder in 
proportion. This makes listening to speech signals 
received at high noise level much less tiring than in 
single-sideband transmission, where the noise is of 
constant strength, making it much more difficult 
to decide whether one is listening to speech or 
merely to noise. 

The effect of the presence of noise in the frequency 
channel is illustrated in fig. 5. This shows the results 
of intelligibility tests using logatoms, these being 
meaningless sound-symbols, each formed according 
to the pattern consonant(s)-vowel-consonant(s). 


8) A method of “infinite” clipping of speech in a single-side- 
band signal corresponding to the frequency channel in our 
system has also been described by P. Marcou and J. Daguet, 
Une nouvelle méthode de transmission de la parole, Proc. 3rd 
Symp. Information Theory, London 1955, However, in the 
process described therein, the amplitude information is 
either not transmitted at all, or it is transmitted via a 
channel not having a narrow band. It is therefore not 
possible to work with such low signal-to-noise ratios as in 


our system. 
> iy 
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Noise of variable strength was added to the signal 
in the frequency channel and the percentage 
intelligibility of the speech sounds was measured as 
a function of the signal-to-noise ratio in that channel. 
No noise was injected into the amplitude channel 
(which in these experiments had a bandwidth of 
250 c/s). For the sake of comparison, intelligibility 
over a normal single-sideband transmission path is 
shown in the graph by a chain-dotted line. In view of 
the small number of persons taking part (four) and 
the somewhat limited number of logatoms used 
(700 per curve), the results of the tests can only be 
taken as a rough guide. However, they do demon- 
strate the characteristic way in which Frena differs 
from single-sideband modulation. 


100% 
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Fig. 5. Intelligibility of speech transmitted by the Frena system 
(i.e. percentage of sounds, embodied in logatoms, that were 
correctly recognized), when noise of variable strength was 
added to the frequency channel. There was still a reasonable 
degree of intelligibility even when noise and signal had the 
same power, i.e. when (S/N); = 0 dB. The chain-dotted curve 
relates to normal single-sideband modulation. 


It will be seen from fig. 5 that when the signal-to- 
noise ratio is high, the degree of intelligibility given 
by the Frena system is somewhat inferior to that 
from a single-sideband system. This is a consequence 
of distortion which occurs in the Frena system even 
when noise is absent and which is due to the re- 
duction in bandwidth of the amplitude channel. At 
lower signal-to-noise ratios, intelligibility falls off 
much less rapidly than it does with single-sideband 
modulation. Thus speech continues to be reasonably 
intelligible even when the signal-to-noise ratio in 
the frequency channel is 0 dB (that is, when signal 
and noise have equal power). One point worthy of 
notice is that persons taking part in the tests re- 
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marked on the fatigue of listening to high noise levels 
in single-sideband modulation, but made no such 
comments in the case of Frena modulation. 

These results suggest the possibility of working, 
with speech at least, in the region to the left of the 
curve in fig. 2, which is by definition unattainable 
for linear systems. To investigate this possibility 
it is necessary that the amplitude channel, which also 
requires part of the total signal power, should be 
taken into account. Experiment has shown that the 
noise voltage has to be kept considerably lower in 
this second channel than is necessary in the fre- 
quency channel; a signal-to-noise ratio of 20 to 25 dB 
was found to be desirable. As against this, the band- 
width of this channel can be drastically reduced, 
even down to a width of only about 50 ¢/s ). This 
reduction in bandwidth lends a certain coarseness to 
speech sounds, without however prejudicing intelli- 
gibility to any marked extent. It is not desirable to 
continue the reduction any further, for then the 
difference in delay times of the frequency and ampli- 
tude signals (due to the differing bandwidth of the 
filters) becomes excessive. 

Now, the minimum signal-to-noise ratios at which 
Frena is workable are also closely connected with the 
manner in which information is transmitted in the 
amplitude channel. It can be transmitted by means of 
amplitude modulation, frequency modulation or code 
modulation. It will be seen that these modulation 
methods, in the order given, allow higher and higher 
noise levels to be tolerated and hence greater and 
greater ranges to be covered. The manner of trans- 
mitting information in the frequency channel (that 
is, as a single-sideband signal of constant amplitude) 
always remains the same, however. It is enough for 
intelligibility if the signal level in that channel be as 
high as the noise level (see fig. 5), but for the sake 
of reducing distortion it is desirable that the former 
should be somewhat higher than the latter, say by 
3 dB. 


9) The fact that when this is done the fundamental tones of 
the speech for both men and women (100-300 c/s) continue 
to be properly heard at the receiving end must be attributed 
to the action of the frequency channel. It is true that this 
channel does not pass the fundamental itself (nor does a 
normal telephonic channel), but it does pass a series of its 
harmonics. These create in the signal a certain periodicity 
which, according to the “residue” theory, provides us with 
the information about the fundamental (see J. F. Schouten, 
The perception of pitch, Philips tech. Rev. 5, 286-294, 1940). 
In contrast to normal telephony, where the “residue” theory 
is likewise capable of explaining why we hear the fundamen- 
tal, it is not possible for the said periodicity to be present 
in the amplitude of our frequency signal, as this has had its 
amplitude variations completely eliminated; this periodicity 
can only be present in the phasing of the zero-crossings. 
Our organ of hearing is evidently capable of discerning 
information about the fundamental in this phase modula- 
tion, and it is thanks to this that the bandwidth of the 
Frena amplitude channel can be cut down so drastically. 


80 PHILIPS TECHNICAL REVIEW 


Transmission of information in the amplitude channel 


If the amplitude information is transmitted as 
in fig. 3, channel IJ being, if desired, displaced to a 
higher frequency range, it is found that there is only 
a relatively small overall increase in the noise level 
that can be tolerated. The reason is that the trans- 
mitting power necessary for the amplitude channel is 
relatively high. Suppose for a moment that the 
frequency channel has a bandwidth of 3000 ¢/s and a 
signal-to-noise ratio of 3 dB; then, for an amplitude 
channel with a bandwidth of 100 c/s and a trans- 
mitting power equal to that for the frequency 
channel, the signal-to-noise ratio will be higher by 
10 log 3000/100 ~ 15 dB, thus becoming 18 dB. In 
view of what was said above, this is a little on the low 
side; it will therefore be better to make the ratio 
about 3 dB higher, that is, to double the power in 
the amplitude channel. This makes the total trans- 
mitting power three times (i.e. about 5 dB) higher 
than that in the frequency channel. Transmitting 
with the same total power and under the same noise 
conditions by the normal method of single-sideband 
modulation, we would thus obtain a signal-to-noise 
ratio of 8 dB. Since a signal-to-noise ratio of 10 dB is 
required in a normal single-sideband link, the gain 
given by the Frena system only amounts to 2 dB, or 
a drop of 37%, in the transmitting power required. 
Although in certain cases this reduction might be 
of some value, it is desirable that more economic 
methods be sought for transmitting information 
through the amplitude channel. For this purpose 
the employment may be considered of one of 
the linear noise-suppressing systems we discussed 
earlier — frequency modulation, for example. 

In contrast to the situation in the frequency 
channel, where the signal-to-noise ratio (which for the 
present purpose takes the place of the intrinsic signal- 
to-noise ratio, see fig. 2) is so low that there would 
be no advantage in using frequency modulation, its 
employment in the narrow amplitude channel might 
well be of real utility. As we saw above, an amplitude 
channel with the same transmitting power as the 
frequency channel, and with a bandwidth of 100 c/s, 
has an intrinsic signal-to-noise ratio of 18 dB. This 
is a value which, according to fig. 2, is well within 
the region where the use of frequency modulation 
offers the possibility of considerable improvement. 
It is in fact found that using frequency modulation 
with k = 4 (see fig. 1), so that the frequency band 
extends over 400 c/s, it is possible to obtain a signal- 
to-noise ratio of about 30 dB in the amplitude 
channel. (Because the envelope in the amplitude 
channel can only have positive values, the frequency 
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deviation in the FM signal has to occur only in 
one direction.) The use of frequency modulation 
thus has the consequence that the amplitude chan- 
nel requires no more power than the frequency 
channel. In this way it becomes practicable to trans- 
mit information with a total power and under condi- 
tions of noise such that in a normal single-sideband 
link, the signal-to-noise ratio would only be 6 dB. 

A further investigation shows that frequency 
modulation is not yet the best possible method of 
transmitting information in the amplitude channel. 
A special system of code modulation will now be 
described that allows a further gain of 2 dB in 
permissible noise. 


“Frenac’”’, a Frena system using a coded amplitude 
signal 

The reason why a good signal-to-noise ratio is so 
desirable in the amplitude channel is not so much in 
order that the envelope shape should be faithfully 
reproduced, but in order to avoid an undesirable 
combination effect of the noise in this channel with 
that in the frequency channel. The needlessness of 
faithfully transmitting the amplitude signal is clear 
from the fact that all its peaks can be clipped off 
with impunity, down to a level of 10 or 15 dB below 
the topmost; the quality and intelligibility of the 
speech signal are thereby but little impaired. If, 
however, the noise in the amplitude channel is 
increased when the noise level in the frequency 
channel is already very high, then there is a sharp 
decrease in intelligibility. The reason is that noise 
in the frequency channel is passed on to the output 
even at times when no speech signal is present, 
between two words or two phonemes, for example: 
this is a consequence of the fact that the modulator 
output at the receiving end is proportional to the 
complete signal in the amplitude channel, including 
the noise. It is these confusing packets of noise that 
spoil the intelligibility, because they often have the 
same character as the start of certain phonemes. 
To save the listener from continually having to 
decide whether a signal is to be interpreted as part 
of a phoneme or as noise, the best course is to sup- 
press these noise components entirely when no 
speech information is being passed. 

Realizing this, and conscious that it was possible, 
as stated above, to clip the signal carrying the 
amplitude component very considerably, we decided 
to replace the amplitude signal by a much simpler 
pilot signal: the amplitude changes (curve e in fig. 6) 
that are detected on the transmitting side are 
reduced to a square waveform (f) that merely 
indicates whether speech is present or not. The 


ail 


1957/58, No. 3 


criterion taken for the presence of speech is whether 
the amplitude is greater by a certain amount than 
the microphone noise. The square waveform is 
transmitted as a series of short wave-trains of 
constant amplitude (g). Although noise causes 
the envelope to take on a somewhat erratic shape 
( f’), the detection of the received signal, which takes 
place by means of an electronic relay reacting to half 
the peak voltage, produces (f’’) a fairly good 
approximation to (or reconstruction of) the original 
square wave signal. This, in fact, is the method of 
reconstruction by virtue of which pulse-code 
modulation systems in general are enabled to 
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Fig. 6. In the Frenac system the amplitude component (e) of 
the speech signal is reduced to a square waveform (f) that is 
transmitted in the form of short wave-trains (g). Detection at 
the receiving end yields a signal (f’) that has been deformed 
by interference; but this can be used to reconstruct the square 
waveform (f”) which, after rounding off (f”), serves to switch 
the frequency channel on and off at the appropriate instants. 


suppress noise. After its sharp edges have been 
rounded off (f’’’), the reconstructed pilot signal 
can be applied to the first modulator in the receiver. 

If the system has a bandwidth of about 100 e/s, 
the electronic relay can respond rapidly enough for 
switching to take place even between the successive 
phonemes of a quickly pronounced syllable. 

This, the Frenac system using a coded amplitude 
signal), provides about the same degree of 
intelligibility as is obtained from a non-clipped 
amplitude signal with a high signal-to-noise ratio, 
though the distortion is somewhat higher. Its great 


10) Reduction of the amplitude signal to a simple choice 
between yes and no, as here described, is to be regarded as 
the simplest possible way of coding. It is possible in prin- 
ciple to elaborate the Frenac system by using a multi-level 
code to carry the amplitude content. 
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advantage is, however, that absolutely no extra 
power is required for transmitting the (rudimentary) 
amplitude component. As may be seen from fig. 6, 
the pilot signal has a certain constant value when 
speech is absent, and is zero when it is present. This 
amounts to saying that the frequency signal and the 
amplitude signal are transmitted in turn, and the 
obvious course is to transmit them at the same 
amplitude. If a signal-to-noise ratio of 4 dB exists 
in the frequency channel (this having a bandwidth 
of 3000 c/s), the amplitude channel (of bandwidth 
100 c/s) will then be found to have a signal-to-noise 
ratio 15 dB higher, or about 19 dB. The noise is then 
sufficiently weak to allow the pilot and interfering 
signals to be separated in the manner described 
above (cf. f’ and f’” in fig. 6). In many cases the 
carrier of the single-sideband signal in the frequency 
channel can profitably be made to act as pilot signal. 
One advantage of so doing is that there is less 
trouble from intermodulation between the two 
channels. 

The block diagram of the transmitter and receiver 
arrived at in this way is given in fig. 7, the situation 
being that at the instant when a phoneme is being 
transmitted. Relay R responds even to a low level 
of speech, after detection by D,. R causes S, to 
switch over from the carrier wave f, to the clipped 
single-sideband signal. By using an electronic relay, 
switching can of course take place very rapidly. 
The bandwidth required for the transmission path 
comprises the range of frequencies of the carrier 
wave and one complete sideband (0-100 c/s for the 
pilot signal and, say, 300-3300 c/s for the frequency 
signal), 

At the receiving end, the presence or absence of a 
carrier wave voltage is detected by means of a 
narrow band filter DF, and a detector D,, allowing the 
conclusion to be drawn as to whether phonemes are 
being received or not. If not, the path to the output 
is broken by the action of relay R’ (preferably an 
electronic relay). Unlike relay R at the transmitter, 
which responds even to very weak speech signals, 
the relay on the receiving side is so adjusted that it 
makes and breaks at approximately half the value 
of the normal voltage amplitude coming from the 
detector, in order that it may be able to eliminate 
noise and interference signals below this halfway 
value. Noise must therefore rise above a high 
threshold value before it can cause interference in 
the amplitude channel; at the noise level assumed 
above, it is hardly likely that this threshold value 
will be exceeded even by peak noise voltages, in 
spite of the fact that the entire link is operating at a 
signal-to-noise ratio of only 4 dB. 
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In practice the transmitting end of fig. 7 can be 
simplified still further by basing it on the scheme 
shown in fig. 8. Together with the single-sideband 
signal b, a carrier-wave voltage of relatively low 
amplitude is applied to the input of clipper Cl,. 
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above-mentioned value of 4 dB. The speech sounded 
somewhat “grainy” in consequence of the speech- 
modulated noise, but the degree of intelligibility was 
highly satisfactory and listening was not tiring. It 
was possible to alter the input level of speech at the 


t 


Fig. 7. Block diagram of a link-based on the Frenac system. On the transmitting side the detected amplitude changes in the 
speech signal cause relay R to make or break; this amounts to saying that the said amplitude changes undergo simplification 
into a square wave signal. S, operates in the rhythm of the square wave voltage, alternately passing the frequency signal (c) or 
the carrier wave f- on to the transmission channel T, At the receiving end DF, filters out the carrier wave and, as a result of 
detection in D,, the square wave signal is recovered. The square wave signal, via relay R’ and its contacts S, (which auto- 
matically provide the rounding-off referred to in the text, producing signal-shape f’”’), causes the frequency channel to be 
connected to the demodulator M, during the intervals when a speech signal is present. 

The remaining letter symbols have the same meaning as in fig. 3. For the voltage wave-forms at the points marked a etc., see 
figs. 4 and 6. At the points where the letters a-d are enclosed in brackets, the signal in question is present only intermittently. 


Providing the amplitude of this additional voltage 
is low with respect to the normal speech amplitude, 
there will be but little change in the clipped single- 
sideband signal while speech is present; on the other 
hand, when speech is absent, a carrier-wave fre- 
quency of the same amplitude will automatically 
arise at the output of the clipper. 


t 
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Fig. 8. Block diagram of a simplified circuit at the transmitting 
end of a Frenac system. 


In discussing the fig. 3 circuit we saw that it was 
of advantage to employ pre-emphasis at the trans- 
mitter and de-emphasis at the receiving end. 
Similarly, in a circuit based on fig. 7 or fig. 8, it is 
found to be advantageous to carry out such an 
equalization in front of and behind the Frenac 
systems and this can be done by means of differen- 
tiating and integrating networks respectively. The 
output signals a’, which have been brought down 
to a constant level as a result of the clipping 
procedure, thereby acquire a frequency spectrum 
that corresponds more closely to the average 
spectrum of speech. 

Employment of the Frenac system over a high- 
frequency transmission path showed that it was 
possible to work at a signal-to-noise ratio having the 


transmitter by about 15 dB in all without intelli- 
gibility suffering too much from the increasing 
distortion as the signal strength rose. When the 
noise level was raised to the point where the signal- 
to-noise ratio became 0 dB (so that the noise and 
the signal in the transmission path had the same 
r.m.s. value), the link proved to be still serviceable 
providing one spoke slowly. There was indeed some 
loss of intelligibility, in consequence of which it was 
no longer possible to alter the input level so widely: 
it was permissible for this level to vary only over 
about 5 dB in all. Should the noise level be raised 
even more, so that it rises above the signal level, the 
degree of intelligibility falls off sharply; this is 
because the amplitude channel as well as the fre- 
quency channel then suffers from serious inter- 
ference by the noise. 

Comparison of the various systems with respect 
to the minimum required signal-to-noise ratio, gives 
us the following figures. 


Minimum required 


signal/noise 
power ratio, 
(S/N) 
Single-sideband modulation 10 (10 dB) 
Frena with AM in amplitude 
channel 6 ( 8 dB) 
Frena with FM in amplitude 
channel 4 (6 dB) 
Frenac (using coded amplitude 
signal) . 2.5 ( 4 dB) 
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From this table it is seen that Frena systems 
make it possible to transmit speech at signal-to- 
noise ratios so low that the noise-suppressing action 
of familiar linear systems such as frequency 
modulation would, in the same conditions, have long 
ceased before to be effective; at the same time there 
is a big gain in comparison with normal single-side- 
band modulation. All this is a consequence of the 
fact that the systems in question have to a ereat 
extent been adapted to the characteristic properties 
of speech and the human ear. That these systems 
cannot be considered for transmitting other kinds 
of signal, such as music, detracts little from their 
usefulness; after all, many telecommunication links 
— most of them, in fact — are designed exclusively 
for conveying speech. The Frenac system, which 
allows speech to be passed through very strong 
noise, has the further property that the complete 
signal as radiated has constant amplitude. This 
offers an opportunity of using transmitters with 
tubes under class C operation, if so desired, and thus 
of obtaining high efficiency. Finally the presence of 
the pilot signal when phonemes are absent (and that 
means most of the time) is of interest in cases where 
it is desired to use automatic frequency control on 
the receiver. 


Although Frenac is being put forward here as an 
attempt to get the most effective conveyance of 
speech with a certain, just adequate quality in the 
presence of a high level of interference, the question 
arises as to whether Frenac is of any use for im- 
proving quality at intrinsic signal-to-noise ratios that 
are not extremely poor, 10 dB, say. This train of 
thought brings us back to our account of the linear 
systems, where we dealt with the matter of im- 
proving the effective signal-to-noise ratio for a given 
intrinsic signal-to-noise ratio. In discussing the 
Frena and Frenac systems we have made no use of 
the term “effective signal-to-noise ratio”, since this 
quantity (even should its definition be modified) 
cannot serve as a yardstick for quality in speech 
links of this kind, on account of the distortion they 
involve. Indeed, in the first instance we had no need 
of such a yardstick, for we assumed a substantially 
fixed minimum quality, and merely inquired how 
far the intrinsic signal-to-noise ratio required to give 
that quality might be reduced. There is, however, a 
way of giving a numerical rating to the quality of 
speech links that involve distortion: this is by 
listening tests that are carried out according to a 


procedure suggested by the C.C.1.F. (Comité 
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Consultatif International de Téléphonie) "). The 
rating thus obtained takes account of various 
criteria such as intelligibility, distortion, ease of 
listening, and so on. By means of such tests we have 
been able to establish quantitatively that the quality 
of Frenac can indeed be considerably improved at 
the above-mentioned not unduly bad signal-to-noise 
ratio of 10 dB. The improvement is effected by not 
allowing the pilot signal to switch the frequency 
channel on and off with complete discontinuity. 
This constitutes as it were a step backward towards 
the original idea of Frena, but without there being 
any question of linearity in the transmission of the 
amplitude component. This modified Frenac system 
exhibited a clear improvement in quality not only 
as compared with the pure Frenac system but also as 
compared with normal single-sideband modulation, 
either with or without clipping. Investigation along 
these lines is still proceeding. 


11) Draft report of 4th study group, C.C.I.F., Geneva, November 
1956. 


Summary. Fo1 the transmission of speech by means of single- 
sideband modulation, a signal-to-noise ratio of at least 10 dB 
is necessary. Systems such as FM and PCM make it possible 
to improve the signal-to-noise ratio in a communications link 
by giving the transmission path a widei frequency band. How- 
ever, these “linear”’ interference-suppressing systems are only 
effective where the “intrinsic” signal-to-noise ratio of the link 
is not too low. The intrinsic ratio must indeed be higher than 
about 10 dB and hence, at the low signal-to-noise ratios 
mentioned above, the said linear systems offer no advantage 
over single-sideband modulation. In contrast, non-linear 
systems that have been specially designed for the transmission 
of speech make it possible to pass intelligible speech signals at 
even lower signal-to-noise ratios. Noise up to a certain level can 
be suppressed by permitting a degree of distortion to take 
place that does not unduly prejudice the intelligibility. This 
principle has been put into practice in the “Frena” system 
developed in Eindhoven, in the following manner: the fre- 
quency component and amplitude component of speech are 
conveyed via two separate channels, the first being transmitted 
as a single-sideband signal in a frequency band about 3000 c/s 
in width, the second in a band about 100 c/s in width. In the 
frequency channel a signal-to-noise ratio as low as 3 dB is quite 
adequate. However, owing to the fairly high power required for 
transmitting the amplitude component, the necessary minimum 
signal-to-noise ratio for the whole system remains at about 8 dB 
when the amplitude component is transmitted as an AM signal. 
If FM is employed, the necessary minimum. is brought down to 
about 6 dB. It can be lowered still more by reducing the ampli- 
tude information to a “pilot” signal which merely indicates at 
each instant whether a speech sound is present or not (the 
“Frenac” system). The apparatus can then be designed in such 
a way that the pilot signal requires no additional power at all; 
as the noise is suppressed at the most critical times, it inter- 
feres so little with the speech signal that the latter can be 
received intelligibly even at a signal-to-noise ratio of only 
4 dB. 

Although the basis of the above developments was minimum 
quality, the endeavour being to preserve this quality at ever- 
worsening signal-to-noise ratios, efforts are at present being 
directed to develop further variants of Frena and Frenac 
giving reception of better quality at not unduly bad signal-to- 
noise ratios, at 10 dB for example. 
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CHLADNY’S FIGURES 
ON THE VIBRATING CAPACITOR OF A SYNCHROCYCLOTRON 


In a synchrocyclotron the frequency of the R.F. 
field accelerating the particles is periodically varied. 
In the larger cyclotrons this frequency modulation 
is effected by varying the capacitance in the oscilla- 


621.384.611.1:621.376.32. 


the CERN (Conseil Européen pour la Recherche 
Nucléaire) at Geneva, which is to be completed in 
the course‘of this year, a vibrating capacitor will be 
used to bring about this capacitance variation. The 


Fig. 1. Arrangement for investigating the resonances of the vibrator. The loudspeaker, 
mounted close to but not touching the upper blade of the vibrator, is driven by the audio 
generator at the right. The sinusoidal form of the supply voltage is checked with the oscillo- 
scope (left), whilst the movement of the blades can be further analyzed with a stroboscope, 
the lamp of which can be seen on the supporting beam to the right and in front of the 
vibrator. When the vibrator is in certain states of resonance, powder sprinkled on the 
blades collects upon the nodal lines, thus making the vibration pattern visible, in a manner 
similar to the “sound-figures” made by Chladni of vibrating plates and the soundboards of 


musical instruments. 


The pattern visible here corresponds to 110 c/s. 


tory circuit, usually by means of a rotating capaci- 
tor*). With the new 600 MeV synchrocyclotron of 


1) See for example F. A. Heyn, The synchrocyclotron at 
Amsterdam, II. The oscillator and the modulator, Philips 
tech. Rev. 12, 247-256, 1950/51. 


equipment for this purpose has been developed by 
CERN and the Philips Research Laboratories of 
Kindhoven, working in cooperation. 

The vibrating capacitor consists of a 2 metres 
wide aluminium vibrator having a cross-section like 
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Fig. 3. Vibration pattern at 380 c/s. 


a tuning-fork. A fixed electrode is mounted between 
the blades. The vibrator has a fundamental fre- 
quency of 55 c/s, the required amplitude.being 12.5 
mm. It is excited by setting up a longitudinal 
vibration of the above frequency in the “stem” of 
the fork. We shall not enter here into details regard- 
ing the excitation and the arrangements for control- 
ling the amplitude. 

For its proper operation it is necessary for the 
tuning-fork to vibrate in its fundamental mode only, 
this being when the two blades close up and move 
apart in their entirety and no nodal lines occur. To 
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make sure that no inter- 
fering resonances of the 
vibrator can occur while 
the synchrocyclotron is in 
operation, an investigation 
was made into the vibra- 
tion patterns and frequen- 
cies of the overtones of the 
vibrator. The photographs 
in figs. 1-3 show the exper- 
unental arrangement and 
some striking Chladni’s 
figures relating to some of 
the many possible (and un- 
desired) vibration modes 
of the vibrator. For these 
experiments the vibrator 
was acoustically excited 
at its various resonance 
frequencies with the aid of 
a small loudspeaker fed 
from an audio signal gene- 
rator (range 27-1800 c/s) 
with precision tuning. A 
powder was then 
sprinkled onto the blades 
to produce the Chladni’s 
figures. A 


fine 


stroboscope 
made it possible to analyze 
the phase difference in the 
motion of the various 
parts of the blades. 

This investigation re- 
vealed that at the rated 
frequency there was an 
undesirable resonance, having the vibration pat- 
tern shown in fig. 1: its resonance frequency hap- 
pened to be almost exactly twice the fundamental 
frequency. By fitting on both blades of the tuning- 
fork a stiffening rib running along the entire width 
at some distance from the front edge, the resonance 
was shifted to a higher frequency, where it was no 
longer troublesome. Owing to the stiffening of the 
blades, the resonance frequencies of all other modes 
of vibration were, of course, also shifted, but no new 
unwelcome coincidences between such frequencies 
and multiples of the fundamental then occurred. 
B. BOLLEE. 
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FUNDAMENTALS OF COLOUR TELEVISION 


by F. W. de VRIJER. 


621.397.2 


In recent years the colour printing of illustrations in magazines and books, and the colour 
film in the cinema and in amateur photography, have attained a high degree of perfection. They 
have, as it were, opened the general public’s eyes to the world of colour. Colour television has 
also made considerable strides, as evidenced, for example, by the regular colour television trans- 
missions in the United States. In view of the high costs at present involved, colour trans- 
missions are being made on a relatively small scale; it is not to be expected, therefore, that 
colour television will, for the time being, be introduced in Europe other than experimentally. 

The article below is an introduction to a series of articles to be printed in this Review 
describing some of the work being done by Philips in the field of colour television. 


One of the fundamentals of colour television is, 
of course, the science of colour. Various colorimetric 
concepts, such as the chromaticity diagram (colour 
triangle), have already been discussed in this 
Review !). We shall begin by briefly recapitulating 
these concepts. 


Colorimetry 


The spectral energy distribution of a light source 
determines the colour of the light. On the other hand, 
the colour of the light does not uniquely establish the 
spectral distribution, for different spectral distri- 
butions can produce the same colour sensation. 
It was known to Newton that almost all colours 
can be imitated by additively mixing light of only 
three primary colours, i.e. by so combining them 
that the various types of light impinge simultane- 
ously on the same part of the observer’s retina. 
Additive mixing occurs, for example, when two or 
more projectors, each with a light beam of a given 
colour, illuminate the same part of a projection 
screen. If red, green and blue are taken as the 
primary colours, almost all colours can be reproduc- 
ed by additive mixing (the minor reservation con- 
tained in the word “almost”’ will be explained later). 
By adding green to red, for instance, we get orange; 
a little more green produces yellow and still more 
green results in yellowish green. Mixed in the right 
proportions, the three primary colours can produce 


white (fig. 1). 


The converse to additive mixing is subtractive mixing. This 
arises when specific parts of the spectrum of a light source are 
attenuated more than others, for example by passing the light 


1) See W. de Groot and A. A. Kruithof, Philips tech. Rev. 
12, 137-144, 1950/51. For a fuller treatment see P. J. 
Bouma, Physical aspects of colour (Philips Technical 
Library 1947). 


through a filter or by making it reflect selectively from a 
surface. The latter is involved in the mixing of pigments *) 
and is, for example, the basis of modern forms of colour photo- 
graphy. The laws of subtractive mixing are more complicated 
than those of additive mixing (we shall return to this subject 
later). Fig. 2 gives an example of the difference in result as 
against fig. 1, and shows the effects of mixing two and three 
paints whose colours are complementary to those of the light 
on which fig. 1 is based. 


The primary colours frequently used in colori- 
metry are the spectral colours given below and 
defined by their associated wavelengths 4 (in 
vacuo): 

Red, = 700.0 mu 
Green, 4 == 546.1 mu et ie a! 
Blue, A= 435.8 mu 


If the eye is unable to distinguish a given type of 
light from the additive mixture of B, lumens at 2 = 
700.0 mu, B, lumens at A =546.1 my and B, lumens 
at A = 435.8 mu, we then say that the light con- 
cerned has the colour coordinates B,, B, and B, in 
the system based on the above-mentioned primary 
colours. Fig. 3 gives the result of measurements — 
averaged over a large number of observers — of 
the primary-colour coordinates of 1 lumen of any 
spectral colour. It can be seen that negative values 
also occur. For example, if B, is negative while 
B, and By, are positive, it means that the additive 
mixture of the original light and (—B,) lumens of 
A = 700.0 mu, appears the same to the eye as the 
additive mixture of B, lumens of 4 = 546.1 mu 
and B, lumens of 4 = 435.8 mu. Such types of 
light, with one or two negative coordinates, cannot 
therefore be imitated by additively mixing the 
three selected primary colours. 


*) See J. L. H. Jonker and S. Gradstein, Fluorescent pigments 
as an artistic medium, Philips tech. Rev. 11, 16-22, 1949/50. 


/ 


1957/58, No. 3 


If, instead of one spectral colour, we have light 
with a given spectral energy distribution E(A), we 
may write for the coordinates: 


B, = [B,(A)E(A) da, 
B, = {B,(A)E(a)da,s. 2... (2) 
B, = {B,(A)E(A) da.) 


Fig. 1. 


Fig. 2. 


Fig. 1. Additive mixing of red, green and blue light. Mixed by 
twos, these types of light produce yellow, blue-green or purple 
(magenta). The three types of light mixed in the right pro- 
portions produce white. F 

Fig. 2. Subtractive mixing. A yellow dye mixed with a blue- 
green dye produces a green mixture, a blue-green and a purple 
dye produce blue, and a purple and a yellow dye produce red. 
The three dyes together can produce black. 
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Fig. 3. The colour coordinates B,, B, and B, of 1 lumen of the 
spectral colours with wavelength /, in the system of primary 
colours given by (1). (1 mu = 10™ m.) 


The quantities B,(A), B,(A) and B,(A) are repre- 
sented graphically in fig. 4. 

It appears, then, that the colour coordinates of a 
mixture of spectral colours are additive. This 
additivity applies not only to spectral colours but, 
as will be clear, it also applies generally to arbitrary 
spectral distributions. 

Two types of light with the same ratio B,: B, : B; 
have the same “type” of colour (or chromaticity), 
but in general they differ in luminance. Lumi- 
nance has been defined by the Commission Inter- 
nationale de l’Eclairage (C.I.E.) as the luminous flux 


Ko ( VGA) die en 


per unit area and per unit solid angle. In the ex- 
pression (3) the constant K is approximately 683 
lumens/watt, and V(A) is the internationally accept- 
ed relative spectral sensitivity of the eye, deter- 
mined from experiments using large numbers of 
observers. “Relative” implies here that the maxi- 
mum of V() is made equal to 1; for wavelengths 


-200 


Fig. 4. The quantities B,(A), B,(A) and B,(A) from (2) as a 
function of 4. This figure differs from fig. 3 in that it is based 
not on the luminous flux but on the energy flux E. Fig. 4 
can be derived from fig. 3 by multiplication by the visual- 
sensitivity curve. 
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smaller than 400 mu and larger than 780 my. %), 
V(A) is practically zero. The unit of luminance is the 
candela per m?. 

From the additivity rule it follows directly that 
the luminance L of any type of light is 


L= B,+B,+ B, = {}B.(A) =i B,(A) +B, (A) E(A)da. 
Thus, according to (3), 


KV(a) = B,(A) + By(A) + BA)... (4) 


Instead of taking the coordinates B,, B, and B, 
to characterize a type of light, we may also take 
three mutually independent linear combinations of 
B,, B, and B,. The C.I.E. has laid down as the 


international system of colour coordinates: 
X = 2.7689 B, + 0.38159 B, + 18.801 B,, ) 


Y= Bree Bee Bes 
Z— 0.01237 B, + 93.060 B,. 


(5) 


From this it follows that: 


X =K [X(2) E(2) da, ) 
Y=KfY(4)E(a)d4,> . . . (6) 
Z =K{Z(A) E(A) da, 


where 


KX(A)=2.7689B, (4) + 0.38159B,(4) + 18.801 B,(2)> 
KY(A)= B,(A)+ B,(A)+ B,(A)> 
KZ(A) = 0.01237B,(A)+ 93.060 B, (A): 


(See in this connection page 137 of the article 

quoted in footnote !).) A graphic representation of 

X(A), Y(A) and Z(A) is given in fig. 5. Two advan- 

tages of this X, Y, Z system *) are: 

1) one of the coordinates, viz. Y, is identical with 
the luminance; 

2) negative values of the coordinates do not occur. 

With reference to the latter advantage, it may be 
remarked that not every set of X, Y, Z values, 
although none are negative, corresponds to an 
existing type of light. For instance, colours corre- 
sponding to points on the coordinate axes (two of 
the three coordinates being zero) do not exist. This 
is sometimes expressed by saying that “the primary 
colours of the X, Y, Z system are not real”. 

It has already been pointed out that types of 
light with the same ratio of coordinates have the same 
chromaticity (type of colour) and merely differ in 
luminance. Clearly this also applies to the X, Y, Z 


3) In addition to the objective concept “Iuminance” there 
exists the subjective concept of “brightness”. Although 
brightness is almost synonymous with luminance, it is 
better not to use the word brightness in a quantitative sense. 

4) For other advantages (not of importance in colour televi- 
pe 5 Chapters 5 and 6 of the book by Bouma mention- 
ed in 1), 
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system. To designate the colour, therefore, two quan- 

tities are sufficient. Those frequently used are: 
X 4 Ys 

eX LY Zs yee 


(7) 


Every existing colour may now be represented by 
a point in a flat plane, with the coordinates x and y. 
All these points together fill what is known as the 
chromaticity diagram or colour triangle (fig. 6) °). 


1,8 


Fig. 5. The quantities X(2), Y(A) and Z(A) from (6) as a fune- 
tion of A. 


The periphery is occupied by the spectral colours 
and the so-called purple or magenta colours, the 
middle by white. From the periphery towards white 
the “saturation” decreases from maximum to zero. 
The caption of fig. 6 explains the rule for additive 
mixing (centre-of-gravity rule). 


Principles of colour television 


Starting from the colorimetric principles described. 
above, we can imagine a colour television system as 
being realized in the manner shown schematically 
in fig. 7. The light L coming from the scene is split 
into three components, red, green and blue. These 
three components each act upon a camera tube 
(Ey, Eg, Ey), the video signals of which are trans- 
mitted via separate cables or radio channels to the 
associated picture tubes (F;, F's, Fy) at the reception 


5) A reproduction in colour is given in Philips tech. Rev. 12, 
141, 1950/51. 


saree 
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end. The latter tubes are provided respectively 
with a red, a green and a blue luminescent phosphor. 
Combined in the right way, the three monochrom- 
atic pictures produce a single multicoloured picture. 
(Instead of the projection system as shown here at 
the receiving end, which is more suitable for the 
production of large pictures, use is preferably made 
for home-reception of a special direct-view tube; 
we shall not discuss this system here.) For the sake 
of clarity, the amplifiers required for boosting the 
signal to the picture tubes, and the deflection and 
synchronization devices, are not shown in fig. 7. 

The separation of the incoming light into three 
components at the transmitting end, as well as the 
combination of the three pictures at the receiving 
end, can be effected by means of dichroic mirrors, i.e. 
mirrors which efficiently reflect a part of the spec- 
trum and transmit the remaining part. An article 
has recently appeared in this Review, describing the 


PS tet 
Q 
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Fig. 6. The colour triangle *). The wavelengths of the spectral 
colours are given around the circumference. 

Rule for additive mixing. Assume that Yp lumens of colour 1p 
(with coordinates xp, yp in the colour triangle) are mixed with 
Yo lumens of the colour Q (xg, yg). The international colour 
coordinates X, Y and Z are then: 


hea Z 
Colour P || Xp = -xpYp/yp | Yr | Zp = (1—+e—yp) Yp/yp 
Colour Q || XQg = xo YQ/va Ye | Za= (1—xe—vo) Yo/ve 


The coordinates of the colour mixture are found by addition. 
The result of the mixture has a luminance Yp + YQ and its 
colour point (S) follows from the centre-of-gravity rule. 
Imagine that the mass Xp + Yp + Zp is fixed. at P and the 
mass Xqg + Yo + Zq at Q. The centre of gravity S of these 
masses is then the required colour point, which always lies 
on the connecting line PQ. Since all types of light consist 
of a discrete line spectrum or a continuous spectrum, the colour 
points of all existing types of light lie in the area bounded by 
the line of the spectral colours and the so-called purple line. 
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action of these mirrors, which is based on inter- 
ference, and discussing their manufacture by the 
deposition of thin layers *). This article also de- 
scribes the principle of combining the three pictures: 
the red reflecting mirror M,, (fig. 7) transmits 
green and blue, the blue reflecting mirror My, 


T Rec 
Pepe 
pee 
i a= 
' lg Eg FE ! LEN te: 
Cg We 
Pg aid (tee preeen aet o7e 
rt | Mb VES ee 
' Ep Ch He Scone 
Nes F 
91474 b 


Fig. 7. Schematic representation of a system for colour tele- 
vision. 

At the transmission end T, of the light L coming from the 
scene, the red reflecting mirror M,, separates the red compo- 
nent, which is projected on to the “red” camera tube E, via 
the ordinary mirror JV, and the lens L,. The blue component 
reaches the “blue” camera tube E} via the blue reflecting 
mirror Mj, the ordinary mirror N, and the lens Ly. The green 
component passes through M,, and Mj), and arrives at the 
“green” camera tube KE, via the lens Ly. Separate cables or 
radio links C,, C, and Cy convey the “red”, “green” and 
“blue” signals to the receiving end Rec, where they produce a 
picture of corresponding colour on picture tubes F,, F’, and 
F,, with red, green and blue luminescent phosphors respecti- 
vely. These picture tubes are each associated with a projector. 
By means of the dichroic mirrors M,, and M),, the three 
pictures are projected in exact register on to the screen S. (Since 
the beams have a large cross-section in this case, intersecting 
dichroic mirrors are often used; see ®).) 


transmits green and red, and with their aid the 
three differently coloured pictures on the receiving 
tubes (in this case projection tubes) can be projected 
on to a screen S in accurate register and with 
little loss of light. This projection system will be 
dealt with in more detail in a subsequent article. 
Fig. 7 also shows the way in which the incoming 
light is split into three components, by means of 
the dichroic mirrors M,, and My, and the ordinary 
mirrors N, and N,. This needs no further explana- 
tion. It may be added that colour filters can be 
placed in the three light paths in order to produce 
a closer approximation to the required spectral 
sensitivities; we shall return to this later. 


On the basis of this extremely simplified colour 
television system we shall now consider various 
questions more in detail. 


Choice of the primary colours 


A colour produced by the additive mixing of two 
other colours always lies.in the colour triangle upon 
the line connecting these two colours, at a position 


6) P. M. van Alphen, Philips tech. Rev. 19, 55-63, 1957/58 
(No. 2). 
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which follows from the centre-of-gravity rule (fig. 6). 
Starting from three primary colours we can there- 
fore reproduce only the colours that lie within (or 
on the circumference of) the triangle formed by the 
colour points of the three selected primary colours. 
This triangle must accordingly be large enough to 
contain that part of the colour triangle which is of 
practical importance. It follows directly from the 
position of the colours in the colour triangle that, 
broadly speaking, red, green and blue are the ap- 
propriate primary colours. 

In order to determine more exactly the primary 
colours required for a television system it is neces- 
sary to take account of some important practical 
considerations. At the receiving end it is desirable 
to be able to produce the three primary colours 
by means of known phosphors, and to do this with 
an efficiency capable of giving the required luminance 
without having to apply too great a power to the 
picture tubes. In the United States these conside- 
rations have led to the following choice of primary 


colours: 
“ af 
Red . 0.67 0.33 ) 
Green 221g Orble as (8) 
Blue . 0.14 0.08 


In fig. 8 these colour points (which differ from the 
spectral primary colours given by (1)) are designat- 
ed by R, G and B. With these primary colours, then, 
it is possible to produce all colours whose colour 
point lies within (or on) the triangle RGB. It has 
been found that almost all the colours occurring in 
nature, and also those of common dyes (bounded 
by contour I of fig. 8) fall within this triangle. 
Compared with other well-known colour reproduc- 
tion processes (colour photography, for example) 
the part of the colour triangle covered in this case 
may be regarded as favourable (compare contour 2 
in fig. 8 with the triangle RGB). In the following 
pages we shall base our discussion on the primary 


colours given by (8). 


Reproduction of white 


The reproduction of white calls for special atten- 
tion. The colour point of white, as radiated by a 
picture tube for monochromatic television, generally 
lies in the region of so-called standard white C 
(point C in fig. 8), with the coordinates x = 0.310, 
y =0.316. This colour is generally accepted as a 
good choice, and it is reasonable, therefore, to take 
it as the white for colour television too, i.e. a 
colourless object in the scene should be reproduced 
by standard white C. A simple calculation shows 
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that in order to produce 1 candela/m? of this white 
light from the three primary colours (8), we need 
0.30 cd/m? red, 0.59 cd/m? green and 0.11 cd/m? blue. 


Fig. 8. Colour triangle, with the colour point C of standard white 
C (x = 0.310, y = 0.316). R, G and B are the primary colours 
selected for colour television, with coordinates according to (8). 
By additive mixing, all colours can be produced whose colour 
point lies within or on the triangle RGB. This is more favourable 
than the possibilities in subtractive colour-film processes, in 
which the contour 2 limits the realizable colours. Within con- 
tour I lie all the reflection colours occurring in nature and the 
reflection colours of all known dyes and printing inks. 


This calculation is made as follows. For 1 cd/m? white light 
with x =.0.310, y = 0.316, z= 1—(x-+y) = 0.374, the 
associated values of X, Y and Z are: 


x -0:310 
Ya 000: 
z 0.374 
BA = = — 
ease Aw 0.310 * 0.980 = 1.184. 
I, cd/m? red with x = 0.67, y = 0.33, z = 0 gives: 
6 
dG ene. ==) 2.02 bes 
0.33 (9a) 
¥4033,- . =e 
20. 
I, cd/m? green with x = 0.21, y = 0.71, z = 0.08 gives 
0.21 
¥y = 1g, - 9 | See he ke (9b) 
0.08 
Zg — 0.71 ly — 0.113 Ip. 
l, cd/m? blue with x = 0.14, y = 0.08, z = 0.78 gives 
0.14 
G5 — 0.03 /» =O Us 
Y=. 1 an ek oS ceo) 
0.78 
Zp = ——h = 9. : 
b= p09? OTTO by 
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In order to obtain exactly 1 cd/m? standard white C by 
additively mixing I, cd/m? of this red, I, cd/m? of this green 
and l, cd/m? of this blue, we must ensure that the following 
relations exist: 


Xw = 2.03 Ip + 0.296 lg + 1.75 ly = 0.980, 
Y= 1 1p 4 ty = 1.0005 
$e 9.113 ly + 9.75, = 1.184. 


From these three equations we can solve I,, I, and l. We find: 
I, = 0.298 cd/m?, ly = 0.588 cd/m, h, = 0.114 cd/m? (rounded 
off: 0.30, 0.59 and 0.11 cd/m?). 


Luminance signal 


In colour television the signal amplitude is com- 
monly standardized so as to make the signals R 
(red), G (green) and B (blue) of equal strength for 


white, the relation for white thus being: 
Re Gi Bs 


Moreover, it is usual to give the value of 1 to the 
signal values for the white with the greatest lumi- 
nance occurring in the scene. Thus, for this white of 
maximum luminance 


If this white is reproduced with a luminance L, 
the red primary colour contributes 0.30 L, the green 
0.59 L, and the blue 0.11 L; the sum is, of course, 
exactly L. These contributions of luminance are 
therefore in this case the luminances of the primary 
colours corresponding to the signal values 1. 
For the sake of convenience we shall now assume 
that the display device functions linearly, i.e. that 
for each primary colour the reproduced luminous 
flux is proportional to the signal strength R, G or 
B. For each value of R, G and B the luminance 
contributions will then be respectively 0.30 RL (red), 
0.59 GL (green) and 0.11 BL (blue). We may then 


write for each colour that the luminance is equal to: 
(0.30 R + 0.59 G + 0.11 B)L. 
The linear combination 


== 030) Ree 059 G42 0:11-B- x <.(10) 


is called the luminance signal. For white with the 
maximum luminance (R = G = B = 1), the value 
H = 1. The luminance signal corresponds to the 
normal video signal of monochromatic television. 


- Still assuming the display device to function linearly, we 
can calculate as follows the signals R, G and B needed for 
producing a colour with coordinates X, Y, Z. 

According to the normalizing of R, G and B mentioned 
above, 
R=1 corresponds to 0.298 L cd/m? of the primary red, 


G = 1 to 0.588 L cd/m? of the primary green, and 
B=1 to 0.114 L cd/m? of the primary blue. 
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Tt now follows directly from (9a), (9b) and (9c) that for given 
R, G and B the coordinates X, Y and Z of the reproduced 
colour will satisfy: 


X = 2.03 x 0.298 RL + 0.296 x 0.588 GL + 1.75 x 0.114 BL, 
YS 0.298 RL + 0.588 GL + 0.114 BL, 
VL, a 0.113 x 0.588 GE + 9.75 x 0.114 BL. 


For this we may write: 


= 0.604 R + 0.174 G + 0.200 B 


, 


= 0.298 R + 0.588 G + 0.114 B, 


= 0.000 R + 0.0664 G + 1.112 B. 


ae 


For R, G and B as functions of X, Y and Z we find from this: 


RL= 1.92 X — 0.535 Y — 0.290 ie) 
GL = —0.984 X + 2.00 Y— 0.0274 Z,>. . (11) 
BL= _ 0.0588 X — 0.119 Y + 0.901 z.) 


In fact, normal display devices do not function 
linearly. This necessitates certain corrections to the 
above considerations (gamma correction), which we 
shall discuss at the end of this article. 


Signals R, G and B at the transmitting end 


We shall now say a few words about the genera- 
tion of signals R, G and B at the camera end. 

If E(A) is the spectral energy distribution of a 
given colour in the scene, we may write for the sig- 
nals to be generated: 


R= {R(A) E(A) ey 
G = [G(A) E(A) da, 


(12) 
B= [B(A) E(A) aA :) 


R(A), G(A) and B(A) are the total spectral sensitivi- 
ties of the three channels. How must these be chosen 
in order to obtain exact colour reproduction? The 
necessary variation of R(A), G(A) and B(A) as a 
function of 4 can be calculated; the result (apart 
from the constant L/K) is shown in fig. 9. Exact 
colour reproduction is only possible for the colours 
inside the triangle RGB; only for these colours are 
none of the signals R, G and B negative. 


From (11) and (6) it follows that for exact colour reproduc- 
tion the signals R, G and B must satisfy: 


LR 1.92 [ X(A) E(A) dd.— 0.535 J Y(A) E(A) da — 
fe — 0.290 f Z(A) E(A) aa, 
L G = 0.984 { X(A) E(A) dd + 2.00 f ¥(A) H(A) da — 
‘ — 0.0274 f Z(A) E(A) da, 
a = 0.0588 f X(1) E(A) dd — 0.119 f (a) E(A) da + 


40.901 f Z(A) E(A) da. 


By comparing these three expressions with (12) it follows 
directly that: 
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ze 
= 


62) — — 0.984 X(A) + 2.00 Y(A) — 0.0274 Z(A), 


R(A) = 1.92 X(A) — 0.535 Y(A) — 0.290 Z(A), 


BU) — 0.0588 X(A) — 0.119 Y(A) + 0.901 Z(A). 
ake 


X(A), Y(A) and Z(A) are here known functions of 4, viz. the 
spectral distribution curves for the “spectrum of constant 
energy flux”, which also occur in (6). See fig. 5. 


It can be seen from fig. 9 that a negative sensiti- 
vity is required in certain wavebands. Since this 
requirement cannot easily be put into effect, and 
since its neglect results in only minor errors in the 
colour reproduction, the negative portions of the 
curves are normally left out of consideration. 


400 500 


600 700mu 


93289 
Fig. 9. For exact colour reproduction the quantities R(A), 
G(A) and B(A) from (12) must, according to the theory, 
depend upon 4 as shown. 


In so far, however, as the spectral sensitivity of 
the camera tube in question, in combination with 
the selective operation of the dichroic mirror or 
mirrors, is not entirely in accordance with the curves 
in fig. 9, an attempt must be made to correct the 
error by introducing a filter in the path of the light. 
Fig. 10 illustrates this for green light. The curves 
Dy and D, in fig. 10a represent the transmission of 
the blue and red reflecting mirrors respectively. 
Multiplying the one ordinate by the other produces 
the curve DpD,, which shows how the light is 
transmitted which passes through both mirrors. 
It can be seen that a fair amount of blue is trans- 
mitted in addition to the required green. This will 
no longer happen if the light is also passed through 
the filter whose transmission characteristic Deg 
is given in fig. 10b. This figure also gives the trans- 
mission characteristic D},D,D¢ of the two mirrors 
and the filter together. The spectral sensitivity of 
the camera tube itself (a vidicon) is given by the 
curve V in fig. 10c, the total spectral sensitivity 
of the tube in combination with the two mirrors 
and the filter by the curve Dj, D,DeV. The latter is 
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Fig. 10. a) Transmission characteristic of dichroic mirrors as 
a function of A: D, for a red reflecting mirror, Dy for a blue 
reflecting mirror. DD, applies to light transmitted by both 
mirrors. 

b) Dg transmission of a correction filter “Kodak” 52). D,D,D¢ 
represents the transmission of both mirrors and the filter 
together. 

c) V spectral sensitivity of the “green” camera tube (vidicon). 
DypD,DgV represents the total spectral sensitivity of camera 
tube with mirrors and filter. This has been re-drawn as a 
broken curve with its peak at 100%. 


a 
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also drawn in such a way that the peak coincides 
with 100%. This curve represents an adequate 
approximation to the theoretical form of G(A) in 


fig. 9. 


Transmission systems 


The conveyance of the three video signals in fig. 7 
from the transmitter to the receiver by means of 
a carrier wave, on which they are modulated, re- 
quires in all a bandwidth three times as large as 
that needed for transmitting a monochromatic 
signal of equal definition. Obviously, ways and 
means have been sought to reduce this bandwidth 
without impairing the quality of the picture. 

To begin with, we can see what the effect is of 
reducing the bandwidth of one or more of the 
primary signals. Slightly reducing the bandwidth 
of the green results immediately in a noticeable loss 
of definition. In the case of red, a slight reduction 
of bandwidth is much less disturbing. The bandwidth 
of ithe blue can be appreciably reduced before it 
adversely affects a normal picture. It appears 
that the bandwidth can be more limited the less 
the signal concerned contributes to the luminance 
(Hf =0.30 R+ 0.59 G+ 0.11 B). 

An even smaller total bandwidth can be used if, 
instead of the signals R, G and B themselves, we 
transmit three mutually independent linear com- 
binations of the signals, one of which is the lumin- 
ance signal H =0.30 R+ 0.59 G+ 0.11 B; the two 
other linear combinations we shall call S, and S,. 
At the receiving end the signals R, G and B are 
restored by forming the correct linear combinations 
of H, S, and S,. The signal H determines the total 
luminance at the reproduction end, while S, and 
S, influence only the colour. The impression of 
sharpness of the resultant picture is determined 
primarily by the bandwidth of the luminance signal 
H. The bandwidth of the colour signals S, and S, 
can be strongly reduced without noticeably im- 
pairing the quality of the picture. 

As already remarked, the luminance signal cor- 
responds entirely to a normal monochromatic video 
signal. If the Gerber standard (the 625 line system 
of the Comité Consultatif International des Radio- 
communications (C.C.I.R.)) is used with a video 
bandwidth of 5 Mc/s for the signal H, a bandwidth 
of, say, 1 Me/s for S, and S, will be sufficient for 
producing a good colour picture. The total band- 
width will then be 5 + 1+ 1 =7 Me/s, as against 
5+5-+5 =15 Me's if R, G and B are to be given 
the full bandwidth. 

The system described, with the signals H, S, 
and S,, is represented schematically in fig. 11. The 
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colour signals at the input of the receiver Rec lack 
the components with frequencies above 1 Me/s; 
to distinguish them from the others they are shown 
in square brackets: [S,] and [S,]. Because of this 
difference, the primary colour signals R*, G* and 
B*, which are formed in the receiver, are not the 
same as the original primary colour signals R, G 
and B. The components of R*, G* and B* above 1 
Mc/s do not differ from each other since they all 
originate from the luminance signal H. In America 
this is called a “mixed-highs” system. It follows 
from the foregoing that the resultant picture is a 
three-colour picture only for the components below 
1 Mc/s; the components above 1 Mc/s, which provide 
the fine details, are added in black and white. In 
most cases the result is not perceptibly different 
from a picture composed entirely of three colours 
with all components up to 5 Me/s. 


T Rec 
H H 
6 o* 
O-IMc/s 
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Fig. 11. Colour television system in which the transmitted 
signals consist of a luminance signal H and two colour signals, 
S, and S,, which are linear combinations of the signals R, G and 
B. The signal H is radiated from the transmitter T to the 
receiver Rec with a bandwidth of 5 Me/s, the signals S, and 
S, with a reduced bandwidth, e.g. of the order of 1 Me/s. 


If the following selection is made for S, and S,: 


S, = R—H,) 


ce DEE (13) 


the signals R* and B* are obtained at the receiving 
end as the sum of the luminance signal H and the 


colour signal [S,] or [S,]: 
R* =H + [S\], 
Be A =-\ (S542 


(14a) 
(14b) 


The signal G* is produced in a somewhat more 
intricate manner. It follows from (10) and (13), 
again indicating the limitation in bandwidth by 
square brackets, that: 


0.30 [RH] + 0.59 [G—H] + 0.11[B—H] = 0. 


Hence 
0.30 0.11 
BE anes : 15 
[6-H] =———1SiJ—pa5lSe]- - (15) 
and Gt =H+ [C—dH]..... (16) 
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The four processes to be carried out at the receiv- 
ing end in order to derive R*, G* and B* from the 
available signals H, [S,] and [S,] are thus: 

1) to add H and [S,]: according to (14a), this pro- 
duces R*; 

2) to add H and [S,]: according to (14b), this pro- 
duces B*; 

3) to combine certain fractions of [S,] and [S,]: 
according to (15), this produces [G — H]; 

4) to add H and [G — H]: according to (16), this 
produces G*. 
It may be added that (14a), (14b) and (16) can 


be written as follows: 


R* = H + [R]— [H] = [R] + Hh, 
Bene aca ny area 
G* = H+ [¢]— [H] = [C]+ Mm, 


in which H}, = H — [H] represents the luminance 
signal components with high frequencies (the 
“mixed highs’’). It is evident from (17) that R*, G* 
and B* contain, as we have just seen, the same 
high-frequency components (Hh). 

If the luminance signal H is modulated, like an 
ordinary monochromatic video signal, upon a 
carrier, and this is transmitted in a television 
channel together with a sound carrier, it will not 
differ in any way from a monochromatic transmis- 
sion. Ordinary television receivers will reproduce 
such a transmission in normal black and white. 
This satisfies the requirement of “compatibility”, 
which, in view of the large number of monochromatic 
receivers in many countries, is of great practical 
importance. 

The question now remaining is, how must [S,] 
and [S,] be transmitted such that a colour televi- 
sion receiver will produce a coloured picture from 
them? Of course, [S,] and [S,] could be separately 
modulated on carriers outside a television channel. 
However, in the frequency allotment plan as now 
generally accepted (for Europe the 1952 Stockholm 
plan) there is no room for such a procedure. For 
this reason, means have been sought of accommo- 
dating the signals [S,] and [S,] in the channels 


already in use. 


System with two subcarriers 


The addition to a video signal of a frequency f 
which is an integral multiple of the line frequency 
fi (f=mfi) produces in the television picture a 
disturbing pattern of vertical strips. The reason 
for this is that the maxima created in each line by 
the interfering signal fall exactly below the corres- 
ponding maxima in the preceding line (fig. 12a), 
and in all subsequent scans the maxima recur at 
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the same positions. However, if the added signal 
has a frequency that lies exactly halfway between 
two multiples of the line frequency: f = (m+ 4) fi, 
there will then be a shift of exactly 180° between 
the maxima and minima in successive lines (fig. 126). 


b 91482 


Fig. 12. Variation of luminance (as a result of an interfering 


signal with frequency f) of the lines 1, 3, 5,.., 2, 4,...o0fa 
television scan, a) for f = twice the line frequency fi, b) for 
f = 2ifi. In (a) the maxima appear directly one above the 
other and occur at the same place in each successive complete 
scan. In (b) the maxima of the one line appear under the 
minima of the directly preceding line, and in successive com- 
plete scans the maxima and minima occur alternately (full line 
and broken line). 


Moreover, since the total number of lines of a com- 
plete picture is uneven, the phase of the added 
signal is also shifted 180° at each successive scan 
of the same line (i.e. one picture interval later): 
at each point where a maximum occurs in the one 
complete scan, a minimum occurs in the next 
complete scan. Owing to the inertia of the eye, an 
added signal of this nature is much less trouble- 
some than a signal with f = mf}. For this reason 
a signal with f = (m + 4)fi may permissibly have 
a fairly large amplitude with hardly any adverse 
effect on the monochromatic picture, especially if 
f is not too low. 

The above system can be used for adding to the 
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luminance signal a video-frequency carrier, modulat- 
ed with e.g. the signal [S,], in such a way as 
to produce no interference in the monochromatic 
receiver. For this purpose, this subcarrier must 
have a frequency of (m+ 4) times the line fre- 
quency fj. Although, strictly speaking, the above 
reasoning no longer holds for moving objects, it 
has been found in practice that even then the added 
signal may permissibly have a fairly large amplitude. 
The second colour signal [S,] might be modulated 
on a second subcarrier. 

This was the manner of operation of one of the 
two systems which, in April 1955 and April 1956, 
were demonstrated in Eindhoven for the C.C.I.R. 
investigatory committee for colour television ”). 


N.T.S.C. system 


Another possibility, which was also demonstrated 
in Eindhoven on the same occasion, has been de- 
veloped more especially in America, where it is used 
for the present colour-television transmissions. In 
this “N.T.S.C. system” (so called after the National 
Television System Committee, which coordinates 
colour television work in the United States *)) the 
signals [S,] and [S,] are again modulated on a 
subcarrier, but in this case the two subcarriers have 
the same frequency and are shifted 90° in phase 
with respect to each other: 


[S,] cos mat + [S,] sin wat, 


in which mw, is the angular frequency of the sub- 
carriers. 

To separate [S,] and [S,] in the receiver it is 
now not possible to use conventional amplitude 
detectors, since these respond only to the total 
amplitude [S,]? + [S,]?. Separation can, how- 
ever, be effected by means of synchronous detec- 
tion. If we multiply (e.g. with the aid of a mixer 
tube) the total colour information signal 


[S,] cos wat + [S,] sin wat 
by 2 cos wat, we then obtain: 


2[S,] cos? wat + 2[S,] sin wat cos wat = 
= [S,] + [S,] cos 2wat + [S,] sin 2mal. 


Provided the auxiliary carrier frequency w,/27 is 


high enough (greater than the bandwidth of [S,] 


7) J. Haantjes and K. Teer, Compatible colour-television, I. 
Two sub-carrier system, IJ. Comparison of two sub-carrier 
and N.T.S.C. systems, Wireless Engr. 33, 3-9 and 39-46, 
1956 (Nos. 1 and 2). 

8) D. G. Fink, Color television standards; selected papers and 
records of the N.T.S.C., McGraw-Hill, New York 1955. 
Hazeltine Labs. Staff, Principles of color television, John 
Wiley & Sons, New York 1956. 
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and [S,]), all that remains after passing through 
a suitable low-pass filter is the signal [S,]. The 
signal [S,] is restored in an analogous way. 

For this synchronous detection the auxiliary 
signals cos wat and sin wat are needed in the receiver. 
These are obtained from a wave train (“burst”) 
sent out by the transmitter after each line synchro- 
nization pulse; the burst consists of a specific 
number (e.g. eight) cycles of the subcarrier fre- 
quency and has a specific phase, e.g. the cosine 
phase. In the receiver the burst can be used to 
synchronize an oscillator, from which the one auxi- 
hary signal is obtained and, after a 90° phase shift, 
the other. 

If, as under (13), S, is taken as R—H and S, as 
B—H, each possibly multiplied by a constant factor 


S, = a(R—H) and S, = B(B—H), 


then the total colour information signal (see fig. 13) 
is: 


S = a(R—H) cos wat + B(B—H)sinwat. (18) 


a(R-H) 


@ (B-H) 


Fig. 13. The total colour information signal S according to the 
N.T.S.C. system (see eq. 18). 
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For white (and grey) this signal is zero. An increas- 
ing amplitude of the signal, the luminance signal 
remaining constant, corresponds to increasing colour 
saturation. A change of phase constitutes a change 
of the dominant wavelength of the colour. 


In the American colour-television transmissions a small 
refinement is at present being employed, as described below. 

The video spectrum according to (18) appears as drawn in 
fig. 14a. fa is the frequency of the subcarrier wave on which 
[S,] and [S,] are modulated according to the normal double- 
sideband system. The latter is necessary in order to be able 
to separate the two colour signals by means of synchronous 
detection; with single-sideband modulation there would be 
complete cross-talk between these signals. The largest band- 
width that can be chosen for [S,] and [S,] in this system is 
thus the total video bandwidth (5 Mc/s in the Gerber system) 
minus the subcarrier frequency fa. 
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The refinement referred to consists in giving one of the 
colour signals a larger bandwidth, by modulating the high- 
frequency components of the signal with only one sideband 
upon the subcarrier. At demodulation there is admittedly 
cross-talk between these components and the other colour 
signal, but this interference can be removed by means of a 
low-pass filter. 

This system has been adopted in the present-day N.T.S.C. 
system. For the colour signal with enlarged bandwidth, one 
might choose between a(R—H) and f(B—H), but it is possible 
to make a better choice. In the expression 


S = S, cos wat + S, sin Wat 
the right-hand term is identical with: 


(S, cos p —S, sin ~) cos (Wat + mp) + 
+ (S, sin p + S, cos ¢) sin (at + ~) 


for each value of the phase angle ~. The signal S can therefore 
also be formed by modulating the subcarrier wave in the 
phase cos (wat-+q@) with the signal (S,cos~ — S,sing~) and in 
the phase sin (wat + g) with the signal (S, sing +S, cos @), 
while still 

S, = a(R—H) and S, = 6(B—H). 


Experiments have been made to ascertain for what value of p 
an enlarged bandwidth of the signal to be modulated on 
cos (Mat + q) contributes most to improving the colour pic- 
ture. With the values of a and f chosen in America the greatest 
improvement was obtained for gy = 33°. With this value the 
colour information signal is: 


I cos (Wat + 33°) + Q sin (mat + 33°), 


in which 

I = a(R—H) cos 33° — B(B—H) sin 33° (19) 
thus gets a somewhat larger bandwidth than 

Q = a(R—H) sin 33° + B(B—H) cos 33°. (20) 


The upper sideband is moreover limited to the bandwidth of 
the signal Q. The result is illustrated in fig. 14b. 


H 
S1 + S2 
a 
0 —+f, fo 5 Mc/s 
H 
aa 
ie 
91490, al 2 a ltch 


Fig. 14. a) Video-frequency spectrum in which the two colour 
signals, S, and S,, have equal bandwidths. Each is modulated 
with two sidebands of limited width on a subcarrier with video 
frequency fa; the two subcarriers are 90° out of phase with 
each other. 

b) Video-frequency spectrum in which the two colour signals, 
I and Q, have different bandwidths (see (19) and (20)). In 
this case, I can have a wider lower sideband. This system is 
employed in America. 
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Variation in the amplitude of the signal J results in a change 
of colour along the line which in the colour triangle connects 
orange with blue-green (the line I in fig. 15). Information on 
colour variation along this line appears to be more important 
than information on variation along the green-purple line, 
which relates to variation of the signal Q (the line Q in fig. 15). 


Gamma correction 


As remarked, the relation between the luminous 
flux ® and the control voltage V (measured from 
the cut-off point) is not linear in conventional 
picture tubes. By approximation this relation is a 


power function: 


(21) 


in which the exponent y lies between 2 and 2.5. It 
is necessary to make a correction for this non- 
linearity (gamma correction), as otherwise imper- 
missible errors would arise in the reproduction. 


91485 


Fig. 15. Variation of signal I (eq. 19) causes a change of colour 
along line I in the colour triangle; variation of signal Q 
(eq. 20) causes a change along line Q. The colour points of the 
primary colours are R, G and B. The signals S, and S, corre- 
spond to the lines R—H and B—H. 


If every receiver were to be provided with such 
a correction, the price of the receivers would be 
considerably increased. For that reason, the gamma 
correction is made in the transmitter, by including 
a non-linear element (gamma corrector) in each 
of the three channels (red, green and blue) before 
the signals are made up into luminance and colour 
signals. If the expression (21) applies at the re- 
production end for each of the three primary 
colours, the relation between the output voltage 
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Vo and the input voltage Vj of the gamma cor- 
rector must be: 


Ve=e i”, 


if, at least, the camera tubes supply a signal that is 
linearly dependent upon the luminance L; on the 
photo-cathode. If this is not the case, the gamma 
corrector is made such that the relation between 
Vo, and [; is: 

Vo =e" L,"”. 
If this is done in each colour channel, we obtain, 


instead of the signals R, G and B, the corrected 
signals 


R= RY, GCG =G"", B’ = BY’, 


The new luminance signal H’ now becomes (eq. 10): 
H’ = 0.30 R’ + 0.59 G’ + 0.11 B’, 


and the new colour 


signal S’ (in the N.T.S.C. 


system) becomes 


S’ = a(R’—H’) cos wat + B(B'—H’) sin wal. 
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In the receiver these signals are treated exactly 
as described above for the uncorrected signals, so 
that R’, G’ and B’ are the signals which are fed to 
the reproduction device. 

Gamma correction at the transmitting end has, 
it is true, certain disadvantages, which we shall 
not go into here; on the other hand it is indispen- 
sable for ensuring good reproduction without mak- 
ing the receivers all too complicated. 


Summary. This introductory article on colour television begins 
by recapitulating some colorimetric concepts, such as additive 
colour mixing and the chromaticity diagram (colour triangle). 
The principle of colour television is then explained with re- 
ference to a system containing three camera tubes and three 
picture tubes, considered at this stage with separate trans- 
mission channels for the three primary colours (red, green 
and blue). The splitting of the incident light into the three 
primary colours at the transmitting end, and the combination 
of the three (projected) pictures at the receiving end, can be 
effected by means of dichroic mirrors. 

As regards transmission the main problem is to limit the 
bandwidth. A discussion follows of a system with two sub- 
carriers and of the N.T.S.C. system used in America. Finally, 
the author deals with the gamma correction needed in view 
of the non-linear relation between luminous flux and control 
voltage in picture tubes. 
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THE JUNCTION TRANSISTOR AS A NETWORK ELEMENT 
AT LOW FREQUENCIES 


II. EQUIVALENT CIRCUITS AND DEPENDENCE OF THE h PARAMETERS 
ON OPERATING POINT 


by J. P. BEIJERSBERGEN, M. BEUN and J. te WINKEL. 


621.375.4 


The primary purpose of this article is to make it clear how the h parameters of a junction 
transistor, as discussed in a previous article, depend on the biassing (D.C. operating point) 
and on the temperature. To this end recourse is made to what may be termed a “physical” 


equivalent circuit. At the same time the article deals with equivalent circuits in general, in 


order to show the place occupied by the physical type of equivalent circuit in relation to other 


types by which transistors can be represented. 


It is common practice to represent a transistor 
by an electrical equivalent circuit. All such circuits 
are networks made up of linear circuit elements 
(resistances, self-inductances, capacitances, current 
and voltage sources, etc.), and thus they are only 
able to represent the transistor insofar as it behaves 
as a linear element. This being so, an equivalent cir- 
cuit can only be made to represent the small-signal 
A.C. behaviour of a transistor, its behaviour with 
regard to D.C. being left entirely out of considera- 
tion. The same of course applies to equivalent cir- 
cuits for electronic tubes. 

The engineer concerned with the practical appli- 
cation of transistors makes use of an equivalent 
circuit with the aim of seeing what his circuits will 
do. In doing so, the properties of the transistor are 
no longer concealed behind a mysterious symbol but 
are represented in terms of elements of which the 
behaviour is known, which can be given numerical 
values and which can be compared qualitatively and 
quantitatively with other elements in the circuit. 
Various types of equivalent circuit can be used in 
this way. The endeavour will be to select the one 
that suits the rest of the circuit, and thus to obtain 
the highest possible degree of clarity and simplicity. 

We shall begin by making one or two observations 
about such equivalent circuits as are suitable from 
this point of view. We shall then go on to discuss 
what we call a “physical” equivalent circuit, which 
we shall employ for an entirely different purpose, 
namely, to deduce how the fA parameters of a tran- 
sistor depend on the biassing (D.C. operating point) 
and on the temperature. 

The present article forms a sequel to an earlier 


article!) on the transistor as a network element, 
which will hereinafter be referred to as I. Article I 
gave an account of the characteristic curves of 
transistors and the three possible ways of connect- 
ing up a transistor as a fourpole (viz. in the common- 
emitter, common-base and common-collector con- 
figurations) and contained a study of the transistor 
as a linear fourpole, in particular in the common- 
emitter configuration. Use was made of the h param- 
eters, these being indexed with an e, b or ¢ ac- 
cording as they related to the common-emitter, 
common-base or common-collector configurations. 
In the present article, as in I, we shall confine 
ourselves to frequencies so low that the static 
characteristics of the transistor represent its be- 
haviour with sufficient accuracy. Accordingly, no 
self-inductances or capacitances will figure in the 
equivalent circuits. 


Types of equivalent circuit suitable for practical use 


A very great number of types is possible. For any 
linear fourpole (not necessarily a transistor) it is 
possible to draw an equivalent circuit based on 
a set of fourpole equations. If input voltage v, 
and output current i, are expressed in terms of 
input current i, and output voltage v,, fourpole 
equations are obtained in the form involving the 
h parameters: 


Vy = Ay, + hygr, » 
ty = Agyty + Iggy 


aoe 

*) J.P. Beijersbergen, M. Beun and J. te Winkel, The junction 
transistor as a network element at low frequencies, I. Charac- 
teristics and h parameters, Philips tech. Rev. 19, 15-27, 
1957/58 (No. 1). 
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In fig. 1 these equations are “translated” into an 
equivalent circuit. And, in fact, if expressions for 
v, and 1, are written down for this circuit, the above 
fourpole equations will be recovered. Four of the 
six ways in which the fourpole equations can be 
written (a pair of independent variables can be 
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Fig. 1. An equivalent circuit for any linear fourpole can be 
drawn, given a set of fourpole equations for that fourpole. 
The above equivalent circuit is that corresponding to the 
equations involving the h parameters (equations (1)). The 
input loop contains a voltage generator of magnitude hjpv», 
the output loop a current generator of magnitude h,,i,. 


chosen from amongst v,, v2, 1, and i, in six different 
ways) produce equivalent circuits), all four cir- 
cuits resembling fig. 1 in that each possesses two 
energy sources. This however does not exhaust the 
possibilities. An active linear fourpole is determined 
by four quantities; for this reason any equivalent 
circuit must contain four elements, at least one of 
which must be an energy source — otherwise the 
fourpole would not be active. But also any circuit 
having four elements can usually serve as equivalent 
circuit for an active linear fourpole. There there- 
fore also exists a type of equivalent circuit having 
three resistances and only one voltage or current 


source. 
The ability to judge which particular equivalent 
circuit — whether of the type with two energy 


sources or of the type with one — is best in a given 
case requires a good deal of experience, particularly 
if the case should be a complicated one. Often per- 
sonal taste and instinct tip the scales. For those 
who are only incidentally concerned with the cal- 
culation of transistor circuits, the wisest course will 
often be to select the equivalent circuit that is most 
familiar, without worrying too much whether a 
different choice would make the calculations more 
elegant. 

If a circuit with one energy source is decided on, 
the three resistances can be arranged in star or 
delta form. The first arrangement is usually drawn 
as a “T’ network and the second as a ‘J’ network. 
_ The most useful types are the ‘T’ network of fig. 2a 


2) Neither the set of equations expressing i, and v, in terms 
of i, and v, nor that expressing i, and v, in terms of i, 
and v, produces an equivalent circuit. 
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and the ‘/7’ network of fig. 2b 3). The energy source 
in fig. 2a is a voltage generator proportional to the 
input current and located on the output side; that is, 
it is in series +) with ry. That of fig. 2b is a current 
generator proportional to the input voltage and like- 
wise located on the output side; here the energy 
source is in parallel *) with the resistance 1/y5. 


Reasons for preferring the equivalent circuits of fig. 2 


‘T’ and ‘/7’ networks other than those shown in 
fig. 2 can be drawn by making a different choice 
of energy source. There are various decisions to be 
made with regard to the energy source. Is it to be 
a current or a voltage generator? Is its magnitude 
to be made proportional to one of the currents or 
to one of the voltages involved in the fourpole? 
Which of the currents, or which of the voltages? 
Finally, where is the source to be located? Instead 
of systematically investigating the many possible 
combinations, we shall put forward arguments in 
favour of the equivalent circuits of figs. 2a and b. 

We are here concerned with fourpoles that act as 
amplifiers, and we want to regard the internal feed- 
back effect as a correction only. If there is no inter- 
nal feedback, the source has to be placed on the 
output side and made proportional to one of the 
input quantities (input current or input voltage). 


|Q 
o 
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Fig. 2. Equivalent circuits for a linear active fourpole in the 
form of (a) a ‘T’ network and (b) a ‘J’ network. 


Any internal feedback can be allowed for by the 
presence in the circuit of a resistance r, (in fig. 2a) 
or 1/y, (in fig. 2b). We leave the source in its place 
on the output side, however, and do not transfer it, 
for example, to the feedback path, although it 
would be quite possible to do so. 

A ‘T° network is particularly apt in cases where 
the elements of the external circuit are connected 


3) When the equivalent circuit is in the form of a ‘/7’ network, 
preference is given to the employment of admittances, 
denoted by y (the resistance values becoming 1/y), in order 
that simple formulae may be obtained. The desirability of 
so doing will be apparent from formulae (2) and (3). 

4) A voltage generator connected in parallel with a resistance 
would be equivalent to the voltage generator alone, for 
the latter — by definition — has zero internal resistance, 
which effectively short-circuits the resistance put in paral- 
lel. Similarly, a current generator (infinite internal resis- 
tance, by definition) in series with a resistance would be 
equivalent to the current generator alone. 
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in series to the terminal pairs of the fourpole. A 
voltage generator is generally preferred as source 
in a “T’ network, because it suits the character of a 
series arrangement *). When a ‘T’ network is chosen 
as equivalent circuit, the voltages can be immediate- 
ly expressed in terms of the currents, providing 
that the magnitude of the source has been made 
proportional to a current, as has in fact been done 
in fig. 2a. (The reader may check that the expres- 
sions for v, and vy in terms of the currents alone 
can be written down simply by inspection of fig. 2a.) 

A ‘IT’ network is highly suitable when the elements 
of the external circuit are connected in parallel 
across the terminal pairs of the fourpole. A current 
generator in parallel with 1/y, suits this arrange- 
ment *), In a ‘/7’ network the currents can be imme- 
diately expressed in terms of the voltages, providing 
the magnitude of the source is made proportional 
to a voltage, as is done in fig. 2b. (The convenience 
of this procedure is demonstrated in the next 
section, equations (2) and (3).) 


If desired, however, departures may be made from the above 
rules. Thus, when the fourpole represents a transistor in the 
common-emitter or common-base configurations, we fre- 
quently find a ‘TI’ network being used which has a current 
generator in parallel with r, instead of a voltage generator in 
series with that resistance) (asin fig. 2a). If we write down the 
magnitude of this current generator in terms of the h parameters 
of the fourpole, we obtain an expression i,(h,,+h,.)/(1—Ay.2) 
which, for a transistor in the aforementioned two configu- 
rations, is almost equal to h,,i,, that is, to the current ampli- 
fication factor multiplied by the input current. This has 
the advantage that the current amplification factor h,,, which 
frequently plays an important role in the said configurations 
(see for example I, p. 22), now figures in the equivalent circuit 
as an explicit quantity. However, to say that the ‘T’ network 
having a current source in parallel with r, is preferable because 
it is closely connected with the physical action of a transistor 
(as is sometimes argued) is not wholly correct. 


Evaluation of the elements of an equivalent circuit 


The equivalent circuit for a fourpole having been 
settled on, the numerical values of its elements 
must be known if it is to be of any practical use. 
In general it will not be possible to measure the 
values of the elements directly. For the elements of 
fig. 2a to be directly measured, it would be neces- 
sary for the nexus of the “T” to be accessible, and this 
is certainly not the case when the fourpole is, for 
example, a transistor, for the nexus in the equivalent 
circuit does not correspond to an actual point in the 
transistor. Consequently formulae are required 
5) A voltage generator of magnitude E in series with a resis- 

tance R is equivalent to a current generator of magnitude 

E/R in parallel with the same resistance R. This can easily 


be confirmed by comparing open-circuit voltage and short- 
circuit current in the two cases. 
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that express the elements of the selected equivalent 
circuit in terms of quantities that are accessible 
to direct measurement; preference will of course 
be given to those quantities that are most easily 
measured. Where the fourpole is a transistor, such 
quantities would be the h® parameters (see I, p. 25) 
or alternatively the h> parameters, which are equal- 
ly easy to determine by measurement. 

No fundamental difficulty is involved in the deri- 
vation of the formulae. We shall go through two 
examples to illustrate the general procedure. 

Suppose that we want to express the elements 
of the ‘/7’ network in fig. 2b in terms of the h 
parameters of the fourpole of which it is the 
equivalent circuit. In fig. 2b we have: 


iy = 01 + (v2) ¥3 = (¥1 +¥s) 01 — Yahoo ) 
ly =UVo + Yat + (Vg) ¥3 = ( (2) 
= (¥s—¥3)¥1 + (Vet¥s)¥2- 


From (1) we now derive new expressions for 1, and 
i, in terms of v, and v, and in which the coefficients 
are functions of the h parameters. By equating the 
coefficients in these expressions with the corre- 
sponding coefficients of (2), we obtain four further 
equations, the solution of which gives us the values 
of the unknown elements. The results, which are set 
out in the first column of Table I, are valid for any 
fourpole. If the fourpole represents a transistor, 
certain simplifications may be made (see Table I). 
As an example of a more complicated case, let us 
suppose that we want to use the equivalent circuit 
of fig. 2b for a transistor in the common-base con- 
figuration (see fig. 3a, the elements of which have 
accordingly been given an index b), whereas only 


Weveb =-ypv, 
<—— 


IQ 
I> 
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Fig. 3. a) The ‘77’ network of fig. 2b taken as the equivalent 
circuit for a transistor, the base terminal 6 being the common 
terminal. e: emitter terminal. c: collector terminal. 

b) The same network with the emitter terminal as the common 
terminal, 


the h® parameters are known to us. We therefore 
have to find expressions for the elements of fig. 3a 
that involve the h® parameters. (The formulae in 
the first column of Table I cannot be used for this 
purpose, of course, because they would simply give 
us the elements expressed in terms of h” parameters.) 
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Table I. First column: The elements of a ‘/7’ network serving as 


terms of the h parameters of that fourpole. 
Second column: The same, 
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equivalent circuit for a fourpole (see fig. 2b), expressed in 


except that here the fourpole represented is a transistor in the common-emitter configuration 


(all quantities are accordingly given an index e above and to the right). Some simplifications have been rendered possible 


by the fact that hig <1. 
Third and fourth columns: The elements of the ‘J7’ 


network expressed in terms of the h° parameters of a transistor, in the 


Ae : a oe : : 
ases where the network serves as equivalent circuit for the transistor in the common-base and common-collector 


configurations respectively. 
Expressions for the slope S appear at the foot of each column. 


Any linear Transistor configuration ing 
fe : 
ourpole ; Se Common-emitter Common-base Common-collector 
V4 = 1 eee hy ys i= his It b hoy SF 1 a hin 
h iG ae Saas Sai ors 7% = y _——— 
at hyy hy, hy ; hy, 
h hee he hé he 
Ya = hep (Pa +1) | yo =h—-— 41) | = yg = hy + — (1 hi) &» 
- h hy Sag aa he jeeag Be 
11 11 11 11 
hy» his his hs 1 
Y= xy = — Pimps te (bos eT) = Bw 
k 3 ¥3 22 21 ¥3 ~ 
uw hyy hyy hy, hy 
Iya + hay e Meth hy b his + hoy hy | his + hg, hy, 
Ya hy, V4 - he — he v4 7 oo he & he 4 e ae € 
F 11 u 11 11 hy hy 
S = ¥,—Ys S = 94-93 © Ya S=yi-y3ey¥4 S=yj-¥3* ¥4 


Before the desired formulae can be derived one 
point must be noted: although in accordance with 
usual practice the equivalent circuits under discus- 
sion have been drawn as fourpoles, they actually 
represent threepoles; the terminals marked 3 in 
fig. 2a and b are shared by one connection. The 
circuit of fig. 3a therefore represents a transistor 
(which is, of course, a threepole) irrespective of 
the way in which it is connected in the circuit. In 
order to carry out the calculation we have in view, 
we shall redraw the circuit of fig. 3a, this time giving 
the common terminal to the emitter instead of the 
base (fig. 3b). We now write expressions for 1, 
and i, in terms of v, and v,, making use of the fact 
that in fig. 3b, v; = Vbe = —vep. We find that: 


v1 =i (Puezt aly 2° me é ra = 4 
= (9, + Ya 1 Ya )¥1 — Yo V2> 


Vy 


(3) 


ia — y,Pv, a Cy ‘ i 
(Ve Va )Uy ac Ys )vg- 


Ug 


We again equate the coefficients of v, and v, with 
those we obtained from (1) on writing expressions 
for i, and i, in terms of v, and v, with the aid of the 
h° parameters. We use the four equations that result 
to obtain expressions involving the h° parameters 
for the unknown elements (y} etc. in third column 
of Table I). 

If fig. 2b is to represent a transistor in the com- 
mon-collector configuration, we can in a similar 
way find expressions involving h* parameters for 
the elements in the equivalent circuit (yj ete. in 


fourth column of Table I). The numerical values 
given by the formulae of Table I for a Philips OC 71 
transistor biassed to a normal D.C. operating point 
appear in Table II. It should be stressed that the 
Table I formulae only relate to certain arbitrarily 
selected examples; they are not of greater impor- 
tance than other formulae that may be derived, as 
the need arises, in a similar way. 


Table 11. Numerical values given by the formulae of Table I 
for a Philips OC 71 transistor. At a D.C. operating point of 
I, = —3 mA and Ve_ = —2 V, this transistor has h}, = 800 Q, 
hig = 5.4 X 10-4, ha, = 47 and hy, = 88 X 10% 0+. S, the 
slope, is found to be independent of the configuration. 


Configuration 

Common- Common- Common- 

emitter base collector 
Vee ale Ona Ont ans Ome onl Ones meu a Osiame all Om Ome 
Fi PE SI Oe ORNS HO SIG 
Veo P60 X10? O48 10-8 Oh 125 x 10 Oe 
Vata OOo) On Oa a —5.9 al 0g Om 5-98 Ones 
S 59 mA/V 59 mA/V 59 mA/V 


Slope of @ transistor in the three configurations 


Once the elements of a certain equivalent circuit 
have been evaluated for all three transistor configu- 
rations (as has just been done, with the results 
shown in the last three columns of Table I), the 
results can be used for comparing the properties of 
the transistor in each of the configurations with its 
properties in the others. By way of example, we 
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shall demonstrate that the slope S of the transistor, 
disregarding its sign, has almost (but not exactly) 
the same value in all three configurations. As may 
be found from the second equation of (2) by putting 
Vy. = 0, it is true of any fourpole that S= (i,/v,),,—o 
=¥,—¥3- Table I shows that y, has exactly 
the same value in all three configurations (if the 
sign be disregarded). We further find from Table ITI 
that y, is about 2% of y, in the common-collector 
configuration and even less in the two other con- 
figurations. Therefore S is practically equal to y,, 
and independent of the configuration. We may 
further infer that where fig. 2b represents a tran- 
sistor, the magnitude of the current generator may 
be taken to be Svj. 


Physical equivalent circuit for a junction transistor 


In general it is not possible to establish direct 
relationships between the elements figuring in an 
arbitrary equivalent circuit and the physical fac- 
tors that govern the functioning of a transistor, 
such as the properties of the semiconductor material, 
the geometry of the transistor, its D.C. operating 
point and its temperature. However, for the junc- 
tion transistor there does exist an equivalent cir- 
cuit which allows these relationships to be readily 
established. In this, the “physical” type of equi- 
valent circuit, the effects of the factors named above 
are brought to light. This type of equivalent circuit 
is not sufficiently tractable for circuit analysis; 
nevertheless, it is possible to express the elements of 
tractable equivalent circuits in terms of those of 
the physical one, and this allows the effect of physi- 
cal factors on elements in tractable equivalent cir- 
cuits to be investigated. In drawing the physical 
equivalent circuit we shall make use of the results 
obtained in an article *) which appeared earlier in 
this Review and in which the physical basis of 
transistor action was treated. 

Let us consider a transistor in the common-base 
configuration connected up as a fourpole. We shall 
regard its input voltage V.} and output voltage V1, 
as being identical to the voltage across the emitter- 
base P-N junction and the collector-base junction 
respectively (see fig. 4; the upper-case letters V and 
I denote direct voltages and currents; lower-case 
letters v and i are used for the alternating voltages 
and currents that are superimposed upon them). 
Input and output voltages are not strictly the same 
as those across the junctions, for the base always 
has a certain internal resistance; we shall return to 


6) F. H. Stieltjes and L. J. Tummers, Simple theory of 
the junction transistor, Philips tech. Rev. 17, 233-246, 
1955/56. 
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this point later on. The following formula for the 
input resistance for alternating current when the 
output is short-cuircuited, i.e. when Vp is kept 
constant, was derived on p. 244 of article °): 


kT 


ake 


Ry 


(k is Boltzmann’s constant, T the absolute tempe- 
rature, q the absolute value of the electronic charge). 


P-Ge N-G: 
a 
e b 


WLS, 
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Fig. 4. Schematic diagram of a P-N-P junction transistor. 
Between the emitter e and the collector c, both of which are 
composed of P-germanium, is the thin base layer b, composed 
of N-germanium and having a thickness w. Each of the three 
regions has its own connecting wire. 


The short-circuited output current is —at,, the 
positive quantity a being the “physical” current 
amplification factor’). Hence the situation when 
the output is short-circuited for an alternating 
current is represented by the equivalent circuit of 
fig. 5a. 

The situation in which the input is short-circuited 
for alternating current and in which there is an 
alternating voltage superimposed on the direct 
voltage at the output also lends itself to physical 
investigation (see the appendix to this article). It 
is then found that the ratio between the alternating 
voltage and the alternating current at the output — 
this being the output resistance with input short- 


circuited — is given by wR, where 
_ 2qw 1/qnyp|Ven| (5) 
kT 2e 


(w is the thickness of the base (see fig. 4), np is the 
excess of donor over acceptor concentrations in 
the base *) and « is the dielectric constant of the 


7) See °), p. 239-240, and particularly formula (13), which 
expresses the effect of various physical quantities on a. 
Apart from the quantities appearing in this formula, a is 
also affected by the current density. This matter was 
discussed by F. H. Stieltjes and L. J. Tummers in Philips 
tech. Rev. 18, 61-68, 1956/57 (No. 2). 

8) Regarding the terms “donor” and “acceptor”, see for 
example J. C. van Vessem, The theory and construction 
of germanium diodes, Philips tech. Rev. 16, 213-224, 
1954/55, particularly pp. 214 and 215. 
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transistor material). This situation is represented 
by the equivalent circuit of fig. 5b. On the input 
side a short-circuit current of value —fi, is flowing, 
the symbol f denoting the base efficiency as discussed 
on a previous occasion °). The general case is given 
by fig. 5c. It should be noted that in this combined 
equivalent circuit the current generators are ex- 
pressed in terms, not of the input and output cur- 
rents 1, and 15, but of the currents flowing through 
the resistances, indicated by symbols with primes to 
distinguish them from i, and i,. It may easily be 
seen that fig. 5c transforms into fig. 5a when the 
output is short-circuited, and into fig. 5b when the 
input is short-circuited. 


90180 


Fig. 5. a) Equivalent circuit for a junction transistor having 
zero internal base resistance, the transistor being in the com- 
mon-base configuration and having its output short-circuited; 
the circuit is composed of elements whose values are easily 
deducible from the theory of the transistor. a is what we may 
call the “physical’’ current amplification factor. 

b) Equivalent circuit as in (a), but appropriate to a transistor 
with its input short-circuited. For the value of uw see formula 
(5). B is the base efficiency (see Appendix and °*)). 

c) Equivalent circuit produced by combining (a) and (6). 
The current generators are here made proportional to the 
currents i,’ and i,’ through the resistances, the prime serving 
to distinguish them from the input and output currents. 
d) Equivalent circuit (c) completed by the insertion of Rpp’, 
the internal base resistance. 


The transistors most often used in practice (in- 
cluding all Philips transistors) are junction tran- 
sistors of the alloy type. The structure is shown 
diagrammatically in fig. 6. A transistor of this type 
consists of a single crystal of N-germanium (if it is 
a P-N-P transistor) in the form of a thin slab, 
portions on either side of which are turned into 
P-germanium by alloying with a material that acts 
as an acceptor, e.g. indium. Excesses of the acceptor 
material protrude on both sides and are used for 


9) See 6), p. 240, formula (12), as regards the effect of various 
quantities on f. f is also affected by current density; in 
this connection see the article cited at the end of footnote ’). 
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affixing the emitter and collector connections. The 
base current enters via the base contact, which is 
soldered on to the edge of the tiny crystal slab. On 
its way to the true base region between emitter and 
collector, the base current encounters a certain 
amount of resistance, this forming the greater part 
of what is termed the internal base resistance. A 
smaller portion of the internal base resistance is 
attributable to the fact that the base current has to 
flow in a direction parallel to the P-N junctions in 
order to distribute itself over the entire cross-sec- 
tion of the effective part of the transistor. It is 
found that the internal base resistance may be 
satisfactorily accounted for by inserting a constant 
resistance Rpp’ in series with the base point b in 
fig. 5c. This point, which is marked b’ in the complete 
equivalent circuit drawn in fig. 5d, is often called 
the “internal base’’; it cannot be referred to a de- 
finite place in the transistor crystal. Obviously, 
Rpp’ is the greater the lower the conductivity of the 
base material. 


Dependence of h°® parameters on D.C. operating point 
and on temperature 


In order to investigate how the h* parameters — 
and hence the elements of the equivalent circuit 
of fig. 1 — depend on the D.C. operating point and 
on temperature, we shall write down these param- 
eters in terms of elements in the physical equiv- 
alent circuit. The procedure is similar to that by 
which, earlier on, we found expressions for the ele- 
ments of an equivalent circuit in terms of h* param- 
eters. The results appear in Table ITI. 


Collector 
(P-Ge) 


Base contact 93319 


Fig. 6. Diagram showing schematically the construction of a 
P-N-P junction transistor of the alloy type. Most transistors, 
including all Philips transistors, are of this type. 
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Table III. The h® parameters of a transistor expressed in 
terms of the elements of the “physical” equivalent circuit of 
fig. 5d. The approximations given on the right are possible by 
virtue of the fact that 4 is much greater and (1—f) much less 
than unity, and that (1—a), though much less than unity, is 
greater than (1—f). 


hy, = Rew + = B ae Saye Ripa a 
ho oe my bal 

2 1—fp+(1—a)ju  w(l—a) 
epee tent SUR Ea 

21°" 1—£8+(l1—a)u l—a 
AS) eee ee ee 

a 1— B+ (l—a)u Ry l—a UR, 


At D.C. operating points and temperatures such 
as are normal in transistor work, it is usually pos- 
sible to treat a, 8, and Rpp’ as constants. This sim- 
plifies matters considerably, for it means that we 
have only the effect of Ry and yw on the h* param- 
eters to take into account. The D.C. operating point 
is given by I,, the output biassing current, and 
Vee, the output biassing voltage (see article I, 
p- 20). Now, if signs be disregarded, I, ~ I, and 
Veo © Veh (see article I, p. 16); it follows from 
(4), therefore, that R, is inversely proportional to 
I, and directly proportional to T, and from (5) 
that yu is directly proportional to Vel and inverse- 
ly proportional to T. We then see (Table III) that 
hs, is independent of both operating point and tem- 
perature; that hj, is independent of the biassing 
voltage but that it contains, besides a constant 
term (Rpp’), a term containing Ry which is inversely 
proportional to the biassing current and directly 
proportional to the temperature; that h}, contains 
1/u and is therefore inversely proportional to the 
root of the biassing voltage, directly proportional 
to the temperature, but independent of the biassing 
current (apart from any variation in a); and that 
hs, contains 1/~R, and is therefore inversely pro- 
portional to the root of the biassing voltage, directly 
proportional to the biassing current, but indepen- 
dent of temperature. Of these conclusions, the most 
important in practice is that concerned with hi‘, 
(input resistance with output short-circuited), 
namely that hj, decreases with increasing collector 
biassing current. Its importance will be evident 
from an article on a transistor hearing-aid that will 
shortly be published in this Review. 

A further point deserving of attention is the 
straightforward connection between hj,, the current 
amplification factor in the common-emitter con- 
figuration (in the literature hj, is frequently given 
the symbol a’ or ach) and a, the “physical” current 
amplification factor. Since a is always a little less 
than unity, hj; is always considerably greater than 
unity — as was pointed out in article °), 
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Relative variations in absolute temperature are 
only slight in practice. It therefore follows from 
the foregoing that the direct effect of temperature 
on the A.C. behaviour of a transistor is also slight. 
However, depending on the D.C. properties of the 
external circuit, it is possible for temperature to 
exercise a considerable effect on the D.C. operating 
point and hence, indirectly, on the behaviour of the 
transistor with regard to alternating current. This 
and other questions connected with the effect of 
temperature on the operating point will form the 
subjects of a third and final article of this series 
on the junction transistor as network element at 


low frequencies. 


Appendix: Allowance for the Early effect in the physical 
equivalent circuit 

The expression for the resistance Ry (formula (4)), and the 
strength of the current generator in fig. 5a (viz. ai,) was taken 
over from the theory put forward in article *). On the other 
hand, the value for the resistance (“R,) and the strength of the 
current generator (fi,) in fig. 5b still require justification from 
the physical viewpoint. For this purpose we may refer to fig. 7, 


Emitter 


Fig. 7. The unbroken curve AB represents the hole concentra- 
tion across the base of a P-N-P transistor. If the absolute 
value of V4 is increased and V,, kept constant, the new 
concentration curve is represented by AB’. A’B represents 
the concentration curve when, on the other hand, V4 is kept 
constant and Vy is increased. The hatched triangles represent 
the associated changes in the base loss; in the first case the 
loss decreases, in the second it increases. The straight dashed 
lines are approximations to the actual hole concentration 
curves (full lines). 


which shows the concentration curve AB of the minority 
carriers (holes) in the base of a P-N-P transistor (concentra- 
tion curves were dealt with in article *)), On the emitter 
side the concentration has a high value p(e) determined by 
Vep, the biassing voltage in the forward direction across the 
emitter-base P-N junction. At the collector the concentration 
is kept effectively at zero by a relatively high voltage in the 
inverse direction acting across the collector-base P-N junction. 
The hole current from emitter to collector is a diffusion current 
and is proportional at any point in its path to the concentra- 
tion gradient. If V., is kept constant, p(e) is constant; if at 
the same time Vy, is altered, then the concentration gradient 
in the base — and consequently the hole current across the 
base — alters too, owing to horizontal displacement of point 
B in fig. 7 (this is the so-called Early effect; see article 6), 
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p. 245). The distance between the point B, where the hole 
concentration is zero, and the N-P junction between base and 
collector is, for the usual values of Vib, given by by—Vn, 
the constant b being equal to £0): 


See 
qny 
If, therefore, wy is the thickness of the base as measured to the 


N-P junction between base and collector, and if w is the 
effective thickness of the base, as measured to point B, then: 


(6) 


D = we— bY — Vay. Foe vals (7) 


Now, for the common-base configuration which we are con- 
sidering, the output resistance with input short-circuited is: 


, Ol. 
Rel : 
| (3 Von be 


The problem is, therefore, one of evaluating (01./0Vcp) vee 
Since the electron current at the collector is constant (see 
article ®), p. 239, column 2), we need only take the hole current 
into account. This current (Gee ) is proportional to the hole 
concentration gradient at the collector. The gradient is given 
approximately by p(e)/w, and hence the hole current by 


jer 


P(e) Rings eK (8) 


ew —qD 
Donde ae 


(Dp is the diffusion constant for holes). Of the holes in transit 
from emitter to collector, a fraction is continually being lost by 
recombination with electrons, so that the fall-off in concen- 
tration through the base is not quite linear. Hence at the 
emitter the gradient is somewhat steeper and at the collector 
it is somewhat less steep than p(e)/w (see fig. 7). For the cal- 
culation of Ry, however, (8) gives I* with sufficient precision. 
On combining this expression with (7) and differentiating with 
respect to V4, we find that: 


__ 2wy/[Veo| 
a1, 


But since —I* ® I, 
wy [Ves] 
aie ble 


which can be written Ry = wR,, w and Ry, being as defined 
in (5) and (4). 

With the aid of fig. 7 we can, further, evaluate the current 
generator of fig. 5b. The need for a current generator in that 
equivalent circuit follows from the fact that, if the input 
voltage V.» is kept constant and the output voltage Vy altered, 
there will be changes in the input current I, (feedback) as 
well as in the output current I,. The reason is that in these 
circumstances there are changes in the hole current crossing 
the base, as already stated in the previous column. If there 
were no loss of holes in the base, both collector and emitter 


10) W. Shockley, Bell Syst. tech. J. 28, 450, 1949. It may be 
noted that V., is a negative quantity, so that —V.p is 
positive. 
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current (sign being disregarded) would change by the same 
amount as the hole current across the base. The magnitude of 
the current generator would then have to be i, exactly. In the 
event, the loss of holes in the base makes a correction neces- 
sary. In order to determine what the correction should be, 
we may recall that the area under the concentration curve 
AB in fig. 7, which we may take to be that of triangle ABO, 
is a measure of the said loss (see article °), p. 240). If B shifts 
to B’ (owing to a change in V1) without A shifting (because 
Ven is being kept constant), then the hole current undergoes 
an overall increase i+ that is proportional to the increase in 
the average gradient. But at the emitter the increase is some- 
what less than the increase at the collector, for the base loss 
has decreased by the area of triangle AB’B. It was observed 
above (first column of this page) that on the collector side 
the electron current is constant; hence the change undergone 
by the hole current on the collector side constitutes the whole 
of the current change that has taken place there. The same 
applies to the emitter side since V4 is kept constant. Thus we 
see that the change in the total emitter current is less than 
that in the total collector current; hence, in the current gene- 
rator of fig. 5b, the coefficient of i, must be less than unity. 
That the coefficient is exactly equal to f, the base efficiency, 
will be clear from the following considerations. If we keep B 
in place (by keeping V.} constant) and shift A to a point A’ 
such that A’B is parallel to AB’ (this shift being brought about 
by altering V4 by a suitable amount), the average gradient 
of the hole concentration will have. increased by the same 
amount as in the previous case, and hence the hole current 
will have increased overall by the same amount i+. But now 
the increase at the emitter is somewhat greater than that at the 
collector, for the base loss has increased by the area of triangle 
AA’B. The areas of triangles 4A’B and AB’B are equal to a 
first approximation, since their difference (this being the area 
of triangle B’BC) is an order of magnitude smaller. The change 
in the loss, ASTS —(-If)f, in relation to the change in the hole 
current, A I A , is therefore the same in the two cases. In the 
second case this ratio is equal to 1—f (this in fact being the 
definition of f, see ®), eq. 12); this, then, is likewise the value 
of the ratio in the first case. Therefore the magnitude allotted 
to the current generator in fig. 55 must be fi. 


Summary. A transistor, considered as a linear network element, 
may be represented by many different types of equivalent 
circuit. Normally an equivalent circuit will be used to get an 
idea of how the transistor behaves in a proposed circuit. In 
such a case there is no point in trying to find a “physical” 
equivalent circuit; the type selected should be one suited to 
the circuit of which the transistor forms part. Mention is made 
of the types most commonly used for this purpose, and it is 
explained in what respects they are to be preferred to other 
types. A physical equivalent circuit, i.e. one in which the ele- 
ments can easily be expressed in terms of the physical quan- 
tities governing transistor action, is then worked out. It is 
used to investigate how the h parameters for the common- 
emitter configuration depend on the D.C. operating point 
(biassing) and on temperature. A more detailed explanation 
of how the Early effect is allowed for in the physical equiv- 
alent circuit is set out in an appendix. 
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Reprints of these papers not marked with an asterisk * can be obtained free of charge 
upon application to Philips Electrical Ltd., Century House, Shaftesbury Avenue, 


London W.C. 2. 


2447: H. Zijlstra: Maximum energy product of 
crystal-oriented polycrystalline Ticonal G 
(Alnico 5) magnet steel (J. appl. Phys. 27, 


1249-1250, 1956, No. 10). 


Measurements and calculations relating to the 
effect of crystal orientation on the magnetic prop- 
erties of Ticonal G. 


2448: J. A. W. van der Does de Bye: Analysis of the 
scintiscanning problem (Nucleonics 14, No. 


11, 128-134, Nov. 1956). 


“Scintiscanning”’ implies the mapping, by means 
of a scintillation counter, of parts of the human 
body which have a selective uptake of certain 
chemical compounds labelled with gamma-emitting 
tracers. This paper deals with the problems of 
collimator design and measuring procedure in 
order to arrive at the best possible picture with a 
given isotope quantity and a given measuring time. 


2449: W. Verweij: Die Ziindung explosiver Gas- 
gemische beim Bruch von nicht brennenden 
Leuchtstofflampen (Z. angew. Phys. 8, 521- 
530, 1956, No. 11). (The ignition of explosive 
gas mixtures by the breakage of non-burning 
fluorescent lamps; in German.) 


The mechanism of gas-dynamic (shock-wave) 
ignition occurring with the breakage of gas-filled 
tubes has been investigated. Whether ignition of a 
given atmosphere occurs or not depends on the 
pressure and the molecular weight of the rare-gas 
filling of the tube. The pressure and temperature 
explosion limits were determined for various 
pressures and molecular weights of the rare-gas 
filling; the atmospheres investigated were air 
mixtures containing hydrogen (45°), methane 
(10%) and ordinary main gas (20%). The explosion 
limits observed are explained in terms of the calculat- 
ed values of pressure and temperature occurring in 
the tube. The experiments were carried out at gas 
concentrations showing the lowest explosion limits; 
these are the most dangerous concentrations for 
gas-dynamic explosions but rarely occur in practice. 


It is shown that mixtures of air with main gas and 
with methane do not explode when a fluorescent 
tube breaks owing to the extinguishing effect of the 
cloud of fluorescent powder which is blown off the 
walls by the inrushing gas. 


2450: S. Woldring: Continuous non-bloody re- 
cording of arterial pressure in man (Acta 
physiol. pharmacol. neerlandica 5, 250-251, 
1956, No. 2.) 


Note on an apparatus employing the “floating 
arterial wall” for recording blood pressures in man. 


2451: C. M. van der Burgt: Performance of ceramic 
ferrite resonators as transducers and filter 
elements (J. Acoust. Soc. Amer. 28, 1020- 
1032, 1956, No. 6). 


In recent experiments the compositions and 
methods of preparation of various ferrites were varied 
with the aim of achieving optimum mechanical 
and piezomagnetic performance. Essential improve- 
ments were obtained by small cobalt substitutions 
in the chemical composition and by suitable modifi- 
cations of the mechanical and thermal treatments. 
In continuous wave operation, appropriate ferrites 
can excite radiation intensities up to at least 10 
W/cm?, with an electroacoustic efficiency of more 
than 75% up to 50 ke/s. They are therefore highly 
promising for underwater transmission and pro- 
cessing, in spite of their brittleness (ultimate tensile 
strength up to about 6 kg/mm?). Wide-band hydro- 
phones with linear frequency response and high 
pressure-sensitivity can also be built from such 
ferrites having magnetomechanical coupling coef- 
ficients at remanence up to almost 0.25, like Per- 
mendur. The total variation of the mechanical reso- 
nant and antiresonant frequencies of ferrite filter 
elements in the temperature range from +20 to 
+50 °C, being 0.1-0.25% for existing commercial 
ferrites, has been lowered to 0.03% and less. Since 
the mechanical quality factors are usually much 
better than 2000, such ferrites can be profitably 
applied to the construction of electrical and elec- 
tromechanical band filters. 
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2452: J. L. J. van de Vliervoet, P. Westerhof, 
J. A. Keverling Buisman and E. Havinga: 
Studies on vitamin D and related compounds, 
VI. The synthesis and properties of dihydro- 
tachysterol, (Rec. Trav. chim. Pays-Bas 75, 
1179-1186, 1956, No. 9-10). 

Whereas dihydrovitamin D, I and dihydrovitamin 
D, II can be isolated from the mixtures obtained on 
reduction of cholecalciferol with sodium and alco- 
hols, attempts to obtain dihydrotachysterol, in a 
crystalline state from such mixtures were unsuccess- 
ful. Pure dihydrotachysterol,, however, could be 
obtained by reducing tachysterol, with an excess of 
lithium in liquid ammonia, concentrating by 
chromatography on alumina, esterification with 
phenylazobenzoyl chloride and saponification of the 
ester. Ultra-violet and infra-red absorption spectra 
are given. The capacity of dihydrotachysterol, to 
raise the calcium level of the blood (plasma) proved 
to be about twice as large as that of dihydrotachy- 
sterol,. 


2453: H. D. Moed and J. van Dijk: Synthesis of 
f-phenyl-ethylamine derivatives, IV. A new 
vasodilator (Rec. Trav. chim. Pays-Bas 75, 
1215-1220, 1956, No. 9-10). 


The synthesis and properties of a new vasodilating 
agent are described: 
BOs (HOH-CH-NE-CH-CH,-0-< > 


| | 
CH. #% CH, 


2454: P. Westerhof and J. A. Keverling Buisman: 
Investigations on sterols, VIII. Some hitherto 
unknown irradiation products of ergosterol 
(Rec. Trav. chim. Pays-Bas 75, 1243-1251, 
1956, No. 9-10). 

From the “toxisterol,”” mixture obtained by 
prolonged U.V. irradiation of ergosterol, two or 
possibly three hitherto unknown compounds have 
been isolated in the form of crystalline esters. 


2455: H. Bremmer: Asymptotic developments and 
scattering theory in terms of a vector com- 
bining the electric and magnetic fields (I.R.E. 
Trans. AP-4, 264-265, 1956, No. 3). 


The Maxwell equations for an inhomogeneous 
medium are expressed in terms of a complex vector 
combining the electric and magnetic fields. It is 
shown how this vector itself and the corresponding 


complex conjugated vector are coupled due to the 


inhomogeneity of the medium. The coupling terms 
consist of two contributions which may be attributed. 
to scattering effects and to effects produced by 


internal or gradient reflections respectively. The 
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above-mentioned vector combination proves to be 
particularly suitable for a formulation of the geo- 
metric-optical expansions applied in the theory of 


Luneberg and Kline. 


2456: A. A. van Trier: Some topics in the micro- 
wave application of gyrotropic media (I.R.E. 
Trans. AP-4, 502-507, 1956, No. 3). 

The Faraday effect of plane and guided waves is 
reviewed in the first sections of this paper. A cavity 
technique is then described for measuring Faraday 
rotations in a circular waveguide with a coaxial 
ferrite pencil. Some experimental results are dis- 
cussed, including the evaluation of the permeability 
tensor components, the relation between Faraday 
rotation and pencil radius, and ferromagnetic 
resonance in circularly polarized waves. The problem 
of the rectangular gyrotropic waveguide is taken 
up in the last section of the paper. A simple method 
of successive approximations is described and 
applied to the case of the square waveguide. 


2457: E. G. Dorgelo: Technologie von Magnetrons 
und Klystrons (Vakuum-Technik 5, No. 8, 
177-189, 1956; in German). 


In the first part of this paper (see these Abstracts 
No. 2378) an introduction on the general construc- 
tion of a few typical magnetrons and klystrons was 
given and the following technological problems 
were dealt with in more detail: the influence of di- 
mensional tolerances on the behaviour of the valve; 
losses in the internal cavities and the coupling 
system; thermal and secondary electron emission 
from the cathode, suppression of unwanted emission 
and temperature stability under back-bombard- 
ment; factors influencing life of the valve. The 
second part of the paper now gives a survey of 
manufacturing techniques. Special attention has 
been given to different types of cathode. An L- 
cathode, specially designed for use in magnetrons, 
is described. 


2458: J. A. Haringx: Enkele essentiéle elementen 
bij ver doorgevoerde automatisering (De 
Ingenieur 68, EK.126-E.131, 1956, No. 50). 
(Essential elements in high-level automation; 
in Dutch.) 

Three different levels of automation are to be 
distinguished. They are characterized by a) mere 
programming, b) programming and_ feed-back, 
c) decision, programming and feed-back. A super- 
ficial treatment of an electronically controlled 
machine tool shows how mechanical actions can 
accurately be automatized by the introduction of 


the electronic computer. 
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2459: J. Bloem and F. A. Kréger: The interstitial 
diffusion of Cu in PbS single crystals (Report 
of the Meeting on Semiconductors, Physical 
Society/British Thomson-Houston Ltd., Rug- 
by, April 1956, pp. 77-81). 

The diffusion of Cu into PbS crystals was studied 
at low temperatures (100-400°C), where the self- 
diffusion of Pb or S may be neglected. The diffusion 
rate depends on the previous history of the crystals 
and on the ambient gas atmosphere during the 
diffusion. The activation energy for interstitial Cu 


diffusion is found to be 0.3 eV. 


2460: H..Bremmer: Numerical analysis of mag- 
netic lens parameters on a theoretical basis 
(Proc. 3™4 Int. Conf. Electron Micros. London, 
1954, pp. 89-92). 


An account is given of the present state of a 
systematic survey of the properties of magnetic 
electron lenses. Paraxial parameters as well as 
aberration coefficients are derived from numerical 
solutions of the paraxial-ray equation. 


2461: A. C. van Dorsten: Electron irradiation of 
specimens (Proc. 3'¢ Int. Conf. Electron 
Micros. London, 1954, pp. 172-173). 


VOLUME 19 


Specimens too thick to be studied in the electron 
microscope without sectioning have been exposed to 
an external beam of 700 kV electrons. Increased 
transparency with preservation of structure has been 


observed in some cases. 


2462*: G. W. Rathenau and G. Baas: Emission 
electron microscopy (Proc. 3™4 Int. Conf. 
Electron Micros. London, 1954, pp. 387-390). 


A description is given of the method and appara- 
tus used in metallographic studies of metal surfaces 
by emission electron microscopy. See also Philips 
tech. Rev. 16, 337-339, 1954/55 and 18, 1-10, 
1956/57, No. 1. 


2463*: H. B. Haanstra: The use of surface-active 
materials in electron microscopy, particu- 
larly for surface replicas (Proc. 3°4 Int. 
Conf. Electron Micros. London, 1954, pp. 
489-490). 


Surface-active materials have been used in pre- 
paring replicas, in particular for positive replicas, of 
wet surfaces. The method is an improvement of the 
methyl methacrylate-silica method of Brown and 
Jones. 
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